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150 MHz frequency counter 

The circuit described in this article is a logical extension to the hand-held 
LCD frequency counter published in the November 1981 issue of Elektor 
The two original frequency ranges of 4 MHz and 35 MHz are retained, but 
a further range allowing a maximum count of 150 MHz has also been 
included. Furthermore, the circuit here utilises the frequency offset 
capabilities of the FM77T module to the full, in fact, all 26 of them. 

combined VCF/VCA module 

The VCO module described in the December issue by no means provides 
a complete synthesiser. The addition of at least one VCA and a VCF is 
required to obtain a simple playable instrument. 

2716/2732 programmer 

IP.R. Boldt) 

The EPROM programmer described in this article has been designed 
specifically for the Elektor SC/MP and Junior Computer microprocessor 
systems. It can be used to program and verify both 2732 devices and the 
popular 2716s. 

induction loop paging system 

Short range paging systems are normally used in large buildings or by 
people with very poor hearing. The system described in this article has 
many more applications: it can be used as a 'wireless' connection for radio 
or TV sound; as a baby alarm; as a doorbell; or even as an intercom system. 
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development in liquid crystal technology, displays 
variety of bright colours. 
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Increasingly in demand, amongst 
electronics hobbyists and professionals ! 


A 1982 subscription delivered direct to your door 
for £ 6.50 - saving £ 1,30 on the cover price. 
That’s what we call a real offer ! 

Complete the Elektor Readers Subscription and order card, and your cheque/P.O. for £ 6.50. 

It's probably the best deal you'll make in 1981 

Because of steadily increasing postal charges this offer can only apply to the U.K. Mainland. Subscriptions overseas 
by post remain the same as last year! Even though the cover price and oostaae have increased 
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high-speed data transfer 
and the junior computer 


The hardware extensions complete the physical development of the computer and the sophisticated 
software in Book 4 enables the machine to fully utilise its additional memory capacity by extending 
its communication skills. As a result, a number of peripheral devices, such as a printer or a video ter- 
minal, can be 'hooked up' to the computer. 
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junior computer 
book 3 

' , ^f S 4VAILABLE‘^. 

Book 3 describes a number of steps that need N0W ' 

to be taken to transform the single-board, basic jAAjk^r^ 

Junior Computer into a complete personal computer ‘ JrVxjfv 

system. This involves adding an interface board to allow 

the machine to communicate with the outside world (its operator) in an 'adult' manner. The inter- 
face board provides additional I/O, a cassette interface, an RS232 interface and an internal connec- 
tion with the buffered bus board. 
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Electronic technology greatly 
benefits the disabled 

The year 1981 was nominated the 
'Year for the Disabled', a year in which 
large electronic companies certainly 
went to great lengths to introduce many 
new products for the handicapped. 
However, these developments are not 
only due to the special status attached 
to 1981. As soon as microelectronic 
technology paved the way for 'intelli- 
gent' aids, companies started taking an 
active interest in this field. If 1981 
stands out as a milestone, it is only 
because the media published more 
material on the subject that year than in 
any other. 

The present era has often been called 
the 'information age'. Information in all 
its forms and manifestations has indeed 
become increasingly important now 
that it can be 'distilled' into a tiny 
silicon chip. Not surprisingly, therefore, 
electronic industry is paying considerable 
attention to the disabled, who are 
physically deprived of the means to 
receive and provide information. 

For a very long time, blind people had 
to resort to braille, a printing system 
that uses raised letters to enable texts to 
be read by touch. 

Although the merits of the braille 
system should not be underestimated, it 
has great disadvantages as well. One 
volume of a complete dictionary in 
braille occupies about half a cubic metre. 
Furthermore, printing texts in braille 
requires special equipment which is not 
readily available to everyone. These 
considerations explain why not every 
text is able to be converted into braille 
and so be made accessible to the blind. 
This not only involves specialised 
technical papers, but also things sighted 
people take for granted, such as car- 
toons, etc., because whereas text can be 
converted into braille, illustrations can 

Text is not however the only means of 
communicating visual information. We 
don't really realise how much infor- 
mation reaches us, day in, day out, in 
the form of warning lights, television 
pictures, street signs and a whole range 
of other visual data. These areas are 
usually completely outside the scope of 
braille and are a serious problem for 
visually handicapped people. 

One of the most ambitious projects 
towards finding an alternative to braille 
resulted in an automatic reading device 
capable of converting written texts into 
speech. Such a system must include a 
portable camera to identify the individ- 



Figure 1. Teletext for t 


page of teletext into braille 




ual letters of a text. The signals received 
from the camera are then processed by a 
speech synthesiser that is controlled by 
a microprocessor. Since Elektor has paid 
a great deal of attention to speech 
synthesis lately, most readers will be 
aware of the great progress that has 
been made in this field. Character recog- 
nition has also been studied for quite a 
while, with impressive results. The next 
step, the provision of good quality, low- 
cost text scanning speech synthesisers, 
will no doubt follow in the near future. 
Research is also being carried out to 
make television — including Teletext 
and Viewdata - accessible to the blind. 
AEG-Telefunken recently introduced a 
system which can make a line of teletext 
'visible' as a row of 40 braille characters. 
Each character consists of a matrix of 
little rods that move individually. Just 
as a seven-segment LED can display any 
decimal number, this device is able to 
represent any braille character. The 
teletext code is fed into the device, so 
that the teletext page is read one line at 

In addition, research is being done on 
electronic displays. The Electronics 
Department of the Technical University 
at Delft (Holland) has taken the lead in 
this field. The electronic displays are 
based on the 'texture effect' principle. 
Different voltages at different places on 
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a display stimulate sense receptors in 
the skin of a person's fingertips. Even- 
tually, it is hoped, this method will 
provide a low-cost tactile reading device, 
which will reproduce both films and 
photographs. Although a lot more work 
still needs to be done, the ultimate aim 
of the system is to allow the blind to 
partake in the growing data communi- 
cation networks by way of the personal 
computer, viewdata, videophone, etc. In 
the meantime, the braille system will 
have to be electronically improved. 
Automatic reading devices are fine for 
reproducing texts and the electronically 
scanned VOU adequately displays infor- 
mation on a screen, but they do not 
solve the numerous situations men- 
tioned earlier, in which information is 
presented in a purely visual way, without 
the use of text or a screen. In such cases 
speech synthesis chips would be ideal 
for the visually handicapped. There are 
already a great many 'talking chips’ 
on the market which can serve just 
about any purpose under the sun. 
AEG Telefunken, for instance, recently 
introduced a speaking thermometer. 
This enables blind persons to take their 
own temperature and find out indoor 
temperatures themselves. The device is a 
perfect illustration of how modern 
electronic technology can provide 
'visual' information without the need 
for figures or letters. 

Other examples include a speaking 
calculator, manufactured by Telesensory 
Systems Inc., and a speech module 
which can be incorporated into an 
elevator to indicate each floor that is 
reached and the direction in which the 
lift is travelling. 

Speech synthesisers would also be a 
wonderful aid for people who are 
unable to speak and who have always 
had to resort to pen and paper or lip- 
reading to convey even very elementary 
messages. A portable, easy to operate 
speech synthesiser with an unlimited 
vocabulary would obviously be ideal. 
However, it will be quite a while before 
that ultimate goal can be attained. 
Meanwhile, there are also people who 
are not only deprived of the powers of 
speech, but also have great difficulty 
expressing themselves in writing. One of 
the first developments to break through 
this barrier of silence, the 'communi- 
cator', was produced by Cannon, after 
an idea by two Dutch psychologists. 
The communicator consists of a minia- 
ture typewriter that can literally be 
worn on the wrist. The user has access 
to 26 keys for each letter of the alphabet 
and to another 26 auxiliary keys. The 
typed-in word is printed on a strip of 
paper, rather like a telex tape. 



measurement values in synthetic speech. In 
addition to water temperatures body and 
room temperatures can be accurately 
recorded to a tenth of a degree in the 
0° ... 60° C range. 



Figure 5. The calculator for myopic operators 
reproduces figures that are four times the size 
of those shown on ordinary calculators. 


ted to it in a number of different 
combinations. One input possibility is 
an LED which acts as a running light 
above the various positions on the 
'keyboard'. When the required position 
is reached, the corresponding switch 
only has to be depressed once for one of 
the 40 characters to be recognised. The 
standard output of the Autocom is a 
32 character LED display and a printer 
(28 characters per line). In addition, the 
Autocom can be connected to a type- 

Speech synthesis research also led 
to new speech recognition systems, 
although developments are still at an 
early stage. Siemens have developed a 
car which can actually listen to com- 
mands given by its handicapped driver. 
The speech computer that it contains 
was manufactured by Konstanz, a 
Siemens associate company. The idea of 
a speech controlled car was conceived 
by Hans Kempf, who has suffered from 
polio ever since he was three years old. 
For the last twenty five years Kempf 
has been working on cars for the physi- 
cally handicapped. The Siemens Renault 
5 features a unit capable of recognising 
up to 350 commands, including 'close 
the door', 'turn the radio off', etc. This 
particular car was designed for drivers 
with missing upper limbs or who are 
unable to use them. 

Again, a fair amount of work still needs 
to be done in the speech recognition 



For people who have trouble operating 
the communicator alphanumeric key- 
board, the University of Wisconsin has 
designed a device called an 'Autocom'. 
This is a microprocessor controlled 
communication panel which can be 
installed on a wheelchair. The system 
has a great advantage in that various 
input and output devices can be connec- 


field. Nevertheless, several important 
steps have been taken in the right 
direction. One day, we hope, the marvels 
of modern electronics will not only 
enable the able-bodied to play space 
invaders, bit will also allow the disabled 
to lead a normal life, surrounded by 
every possible communication facility. 

727 S 
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The electronic chimes are constructed 
around the SAB 0600, which was 
designed to create a tuneful gong-like 
sound without the need for many 
additional components. The device is 
manufactured by Siemens, who have 
attempted to keep the current con- 
sumption and the external component 
count to a minimum. The typical 
quiescent current of the SAB 0600 is 
around 1 pA, which means that if the 
circuit is powered from batteries they 
should last a relatively long time before 
having to be replaced. The only other 
components required for the basic 
version of the electronic chimes are 
one resistor, three capacitors and a small 
loudspeaker (see figure 1). This means 
that the entire circuit can be housed in a 
very small case. 


proves both the sound and the volume. 
Another possibility is to fit the chimes 
with a switchable tone control so that 
the unit can be used in a straightforward 
paging system, as shown in figure 5. 
More about this later. To understand 
how these options can be put into 
practice it may well be a good idea to 
have a look at the 'insides' of the 
SAB 0600 first. Following that we will 
describe a number of 'application 
circuits' in which it can be used. 


The 'contents' of the gong 1C 

The SAB 0600 is housed in an eight 
pin DIL package and the internal 
block diagram of the device is shown in 
figure 1. As can be seen, the majority 


electronic chimes 


doorbell with a 
difference 

These chimes, the latest in the 
field of electronic doorbell/gong 
technology, produce a harmonious 
chord made up of three notes. The 
notes are 'played' in sequence and 
each note is 'held on' so that a 
triad is formed, which then decays 
slowly. The circuit is surprisingly 
versatile, considering its simplicity 
and low cost. Not only can it be 
used as a doorbell, but it could 
also be incorporated into paging 
systems for hospitals, offices, 
libraries etc. 


Technical data for the SAB 0600 


supply voltage range 7 ... 1 1 V 



(after tone 31 160 mW 

trigger voltage range (at pin 1 1 1 .5 V . . . +Ut, 
operational temperature range 0...70°C 


If the device is to be used as a doorbell 
the existing system does not have to be 
modified - in any way. This means, of 
course, that installation is very straight- 
forward. However, the tone generator 
can be used for a number of other 
purposes as well: such as in intercom 
systems, in clocks, in the car as a 
warning device, in toys etc. All manner 
of sounds can be produced simply by 
altering the pitch. 

The circuit diagram in figure 2 shows 
two gong ICs. The second has been 
added to improve the quality of the 
resultant tone. This is accomplished 
by slightly mistuning the fundamental 
frequency of one 1C with respect to 
that of the other. This produces a 
tremolo effect which significantly im- 


of vital components have already been 
integrated. 

The gong-like tone is produced by an 
RC oscillator which operates at a 
frequency of about 13.2 kHz with the 
component values shown. The oscillator 
signal is then divided to produce the 
three tone frequencies required by the 
gong chord. The three tone frequencies 
are approximately 440 Hz, 550 Hz and 
660 Hz. By further dividing one of these 
frequencies, a control signal is obtained 
to time the 'melody'. This control signal 
determines both the duration of each 
tone and the eventual decay of the 
resulting triad. 

Three digitally controlled attenuators 
(shown as D/A converters in the block 
diagram) control the amplitude of the 
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Figure 2. The complete circuit diagram of the electronic chimes. This luxury' version contains two gong ICs. As they are slightly mistuned with 
respect to each other, a slight tremolo and phasing effect is produced. 


tone signals and ensure that they sound 
one after the other and blend in with 
each other before the start of the decay. 
A push-pull output stage provides 
about 160mW when driving an 8 £1 
loudspeaker. The volume produced is 
sufficient for the majority of appli- 
cations. The output voltage of the 1C 
is an almost symmetrical squarewave 
signal. The capacitor connected to pin 8 
of the 1C suppresses the harmonics in 
the output signal, as a result of which 
the tones sound far more pleasant than 
pure squarewave signals would. The 
volume may be further increased and 
the timbre improved by installing the 
loudspeaker in a suitable tube or box. 
The tones are triggered by operating a 
pushbutton which links pin 1 of the 1C 
to the positive supply voltage. A 
positive voltage of 1.5 V is sufficient 
to trigger the device. After about 
2 milliseconds delay to suppress any 
contact bounce, the trigger pulse is fed 
to the voltage stabiliser circuit, which 
switches on the chimes. The voltage 
stabilisation is automatically switched 
off upon completion of the tone cycle. 
However, the tone sequence is repeated 
until such time as the pushbutton 
switch is released. 

A word of warning when installing the 
system: long leads between the push- 
button switch and the circuit board 
may give rise to spurious triggering. This 
can be avoided by wiring a resistor in 
series with pin 1 and then connecting a 
capacitor to +Ub to decouple the 
control line. 


Circuit diagram 

A 'luxury' version of the chime circuit 
is shown in figure 2 and a printed 
circuit board design for it is illustrated 
in figure 3. Several components have 
been added to the basic circuit. The 
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Cl = 220 /i/25 V 
C2.C6.C7 = lOOn 
C3 - 330 n 
C4 = 100/1/10 V 
C5.C8 = 4n7 
C9 = 47 n 


IC3 = SAB 0600 


Miscellaneous: 

LS = 8 ft/0.2 W loudspeaker 
8 . . . 1 2 V/1 50 mA transformer or 9 V 
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Figure 4. The electronic chimes can easily be fitted to an existing bell circuit. The doorbell is 
simply replaced by the chimes board. The latter is powered either by e 9 V battery or a small 



Figure 5. The circuit diagram of a simple paging system using two pushbuttons. By depressing 
S2 the additional circuitry around T1 and T2 is activated and this alters the fundamental 
frequency of the tones. 


main addition being the second 
SAB 0600 for the reasons mentioned 
earlier. A voltage regulator circuit has 
also been added, which can be fed from 
a transformer having a secondary output 
voltage of 8... 12 VAC. The circuit 
now consists of a 'double chime' in 
which the two ICs are connected in 
parallel, but operate a single loud- 
speaker by way of the output stage of 
the first device. Provided the two ICs 
do not differ by more than 3% in pitch, 
the resulting tremolo effect will be very 
satisfactory. 

The output signal from IC3 is fed to the 
output stage of IC2 via preset potentio- 
meter P3 and capacitor C7. This poten- 
tiometer is used to control the volume 
of the tremolo gong, IC3, whereas the 
volume of the entire circuit is controlled 
by potentiometer PI. To add resonance 
to the tremolo, the frequency of IC2 is 
slightly 'de-tuned' with respect to that 
of IC3 by means of P2. Capacitors C5 
and C8 determine the fundamental 
frequency of the chime sound. High 


value capacitors reduce the frequency, 
whereas low values increase the fre- 
quency. In either case, it is important 
to select the same value for both capaci- 
tors. 

The ‘vibrato luxury' described above 
need not be included, therefore IC3 
and its associated components (R3, P3, 
C7 and C8) can simply be omitted. If 
required, P2 and R2 can be replaced by 
a 47 k preset potentiometer and 4k7 
resistor respectively. This would give a 
much wider frequency adjustment range. 
The RC network, R4/C9, has been 
included to suppress RF oscillations in 
the output amplifier stages. 

The circuit can be powered from a 
'normal' doorbell transformer. How- 
ever, current consumption is so low that 
it could also be powered from batteries. 
In the latter case. IC1, C2 and D4 can 
be omitted and diodes D2 and D3 can 
be replaced by wire links. After these 
changes, a 9 V battery can be connected 
between the points marked '+' and 
Diode D1 should be installed as this will 
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protect the circuit against incorrect 
polarity connection. 

If a 12 V transformer is used, a 10 V 
regulator (7810) can be used instead of 
the indicated 7808. A higher operating 
voltage provides an increase in volume! 
The voltage regulator, 1C 1 , does not 
require a heatsink. 

How to connect the circuit to an 
existing doorbell 

Since the input of the gong 1C, pin 1, 
can also be AC driven by the doorbell 
transformer belonging to the existing 
system, the electronic chimes are very 
easy to install. The value of the dropper 
resistor, R1 (= 82 k), enables the circuit 
to handle AC voltages up to 25 V 
without any problems. The existing 
doorbell is removed and connection 
points C and D of the circuit are con- 
nected in its place (see figure 4). Now, 
however, the circuit can not be powered 
by the bell transformer. Either a 9 V 
battery or a separate miniature trans- 
former with a secondary voltage of 
8 ... 12 V will have to be used. This 
transformer should be capable of 
supplying (briefly) at least 150 mA. 

Paging system chimes 

This particular type of circuit allows a 
number of pushbuttons to be combined 
with a single chime unit. A different 
frequency and decay speed are assigned 
to each pushbutton, so that a subtle 
distinction can be made between the 
various callers. 

Figure 5 shows how this idea can be put 
into practice with the aid of two push- 
button switches. When switch SI is 
depressed, the circuit is triggered in 
exactly the same way as described 
previously. Diode D1 decouples SI from 
the second switch, S2. This prevents 
either switch being affected by the 
other. If, on the other hand, S2 is 
depressed, a change in frequency 
occurs with the aid of the circuit 
around transistors T1 and T2. 

Together, these two transistors con- 
stitute a thyristor-like switching device. 
Switch S2 triggers the 'thyristor' at the 
gate on its cathode side (the base of 
T2), thereby causing the two transistors 
to conduct and the resistor R2 to be 
effectively connected in parallel to 
capacitor Cl. This reduces the charge 
current to the capacitor and. as a result, 
the charge time is extended. Conse- 
quently, the fundamental frequency of 
the chimes is lowered and at the same 
time the decay of the tones is slowed 

At the end of the tone sequence, the 1C 
is automatically switched off, no cur- 
rent flows from pin 7, so that the hold 
current of the 'thyristor' is reduced and 
the thyristor stops conducting. M 

References: 

Beitner, M; Hauenstein , A: "Triad gong 
using the SAB 0600 integrated circuit." 
Siemens Components 19 (1981), No. 4. 
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150 MHz 

frequency 

counter 


The LCD frequency counter featured in 
the November 1981 issue is extremely 
accurate and very simple to construct. 
The maximum count of 35 MHz is ideal 
for use with microprocessor systems and 
Citizen's Band (CB) transceivers, but a 
higher frequency range would be very 
useful for many other applications. 
Therefore, with cost very much in mind, 
we have now added a relatively in- 
expensive divide-by-hundred prescaler 
to increase the maximum count to 
150 MHz. 

It was also considered that an instru- 
ment utilising the full frequency offset 
capabilities of the module would spark 
off a great deal of interest amongst 
those of our readers who spend a certain 
amount of their spare time working 
with the large variety of communica- 
tions equipment currently available. The 
FM77T module not only includes the 
4’/z digit LCD display, but it is also 
possible to select any one of 26 pre- 
programmed standard IF offset values 
externally. This facility can be used, for 
instance, to display the received signal 
frequency by monitoring the frequency 
at the local oscillator of the receiver. 
The question was, how do we achieve all 
this and still manage to fit everything 
into the tiny hand-held instrument case? 
After all, the 26 selectable offset 
values and three frequency ranges totals 
up to a rather improbable 29-way 
switch. Even if this were readily avail- 
able by some remote chance, it would 
be very unlikely to leave sufficient room 
for the printed circuit board and the 
module! This means that another 
answer had to be found. 


with 26 programmable offset modes 

The circuit described in this article is a logical extension to the 
hand-held LCD frequency counter published in the November 1981 
issue of Elektor (page 11-18). The two original frequency ranges of 
4 MHz and 35 MHz are retained, but a further range allowing a 
maximum count of 150 MHz has also been included. Furthermore, 
the circuit here utilises the frequency offset capabilities of the FM77T 
module to the full, in fact, all 26 of them. The entire unit can be 
housed in the same Vero case as before, resulting in a very useful and 
versatile hand-held frequency counter. 


for the 150 MHz frequency counter: 


Frequency range 1 : 2 kHz . . 

Frequency range 2: 100 kHz . . . 

ency range 3: 10 MHz 

sensitivity: 

Maximum input voltage for ranges 1 and 2: 

Maximum input voltage for range 3: 

Input impedance for ranges 1 and 2: 

Input impedance for range 3: 

Calibration: r 

Power supply: 9 V battery or NiCad or external 8 


50V rm$ 

i Mn 
son 

ne required 
.12 Vac. 
ging source 
•i 250 mA 


Fingertip control 

As readers who have already taken a 
glance at the circuit diagram will know, 
our design team arrived at a rather novel 
solution to the problem. The number of 
required switch 'positions' in fact reach 
a total of 32 and they are held, in the 
form of a 'program', in two PROMs 
(programmable read only memories). 
The address lines for these PROMs are 
selected via five pushbutton switches so 
that a specific 'data word' will be 
provided by the PROMs depending on 
the combination of switches depressed 
or not depressed. The data word from 
the PROMs is used for a number of 
purposes. Five of the PROM outputs are 
used to select the required frequency 
offset mode of the FM77T module and, 
as mentioned previously, there are a 
total of 26 offset modes. 

Another three of the PROM outputs are 
used to select the particular range of the 
frequency counter. These ranges are 
4 MHz and 35 MHz, as in the earlier 
version of the counter, and the new, 
higher range of 150 MHz. The decimal 
point positions are also determined by 
the 'program' outputs as are the kHz 
and MHz legends which appear on the 
display. 

The block diagram 

The block diagram of the 1 50 MHz 
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Figure 1 . As can be seen from the block diagram, the complex switching has been greatly 
simplified by the novel use of PROMs. 


counter is shown in figure 1. This 
should be fairly easy to understand, 
bearing in mind what was mentioned in 
the previous section. The input stages 
for the two lower frequency ranges are 
identical to those for the earlier LCD 
frequency counter and consist of an 
input amplifier followed by a divide-by- 
ten prescaler. The high frequency range 
input is fed directly to a divide-by- 
hundred prescaler. One of these three 
ranges is then selected.by means of the 
5 switches and the PROM outputs 
before being fed to the counter module. 
The code to select the particular fre- 
quency offset required is passed from 
the PROMs directly to the module. 
However, in order to make the decimal 
points and legends visible, they must 
first be modulated with the (inverted) 
backplane signal. This completes the 
discussion of the block diagram and we 
now move on to the circuit itself. 

Circuit diagram 

As can be seen from the circuit diagram 
in figure 2, the input stages of the two 
lower ranges, up to and including IC2, 
are identical to those of the original 
counter. Input A, the 'low' frequency 
input, is protected against excessively 
high voltages by diodes D1 and D2. The 
maximum voltage level that can be 
applied to this input is 50 V. Transistors 
T1 and T2 together form an 'impedance 
converter' and will convert the high 
input impedance (1 MJ2) to about 
220 S2 for the amplifier N1. This 
amplifier is actually a TTL inverter, but 
it will still provide an analogue output 


for small input voltage levels. The out- 
put voltage will be about 1.5 ... 1.8 V 
peak-to-peak for an input voltage of 
30 mV at Cl . The amplified output 
signal is passed to the pulse shaper 
formed by inverters N2 and N3. This 
digital output is used for the lowest 
frequency range (20 Hz to 4 MHz) and 
is divided by ten in IC2 for the middle 
range (4 MHz to 35 MHz). 

Input B, the 'high' frequency (150 MHz) 
input, is fed directly to IC1, a divide-by- 
hundred prescaler with a sensitive 
preamplifier. Only one of the three 
possible count outputs will be selected 
by the PROMs via the 'tri-state' buffers 
N4 . . . N6. 

The switching for the address lines of 
the two PROMs, IC3 and IC4, is carried 
out by means of the five pushbutton 
switches SI . . . S5. We will come back 
to the operation of these switches a 
little later. Five of the data output lines 
from IC3 are fed directly to the module. 
These are outputs 1 y 1 . . . 1y5 (pins 
4 ... 7 and 9) and they are used to 
select one of the 26 pre-programmable 
IF offset frequencies within the module. 
The range selection is accomplished 
by means of the outputs 2y2 . . . 2y4 
of IC4 (pins 5 ... 7). 

The decimal point and legend (kHz or 
MHz) data lines are not fed directly to 
the FM77T module since they must 
first be controlled with the inverted 
backplane signal in order to be made 
visible on the LCD display. This is 
accomplished by means of the four 
EX-OR gates N7...N10. Our sharp- 
eyed readers will have probably noticed 


that the MHz legend signal appears to 
have got lost. This is not the case, in 
fact, as the MHz legend does not require 
a data line, it will appear automatically 
in the absence of the kHz legend. 

There are options available with regard 
to the power supply for the 150 MHz 
frequency counter. An ordinary 9 V 
(PP3) battery can be used, which will 
provide approximately one hour of 
continual operation. In this instance 
resistor R28 will not be required. If de- 
sired, the battery can be replaced by an 
equivalent NiCad cell whereupon R28 
must be included to provide a path for 
the charging current when the counter is 
supplied with an external 8 ... 1 2 V 
a.c. source. The actual value of R 28 will 
depend on the particular type of NiCad 
used and must be calculated to provide 
a charge current of 20 ... 25 mA when 
the NiCad cell is fully discharged. As 
can be gathered from the above, it is 
also possible to power the circuit from a 
small 8 ... 12V transformer continu- 
ally, in which case there is no need for 
either type of battery. Finally, another 
instance where no battery is required, 
the circuit can be powered from an ex- 
ternal d.c. source, if available, of about 
9 V/250 mA. 

Program control 

Manual operation of the frequency 
counter is carried out entirely by the 
five Digitast switches SI . . . S5 with the 
aid of table 2. This table shows the 
complete program for the two PROMs 
and its relationship with both the 
switching code and the module. In the 
column headed 'switching data' (left- 
hand side) SI . . . S5 refer to the actual 
switches. (This is not to be confused 
with the inputs, SI . . . S4, to the 
module in the output data column for 
IC3). A depressed switch is denoted by 
a 'T. It will be seen that for mode MO, 
none of the switches are depressed and 
in this situation the instrument will 
function as a straightforward 150 MHz 
frequency counter. This was chosen so 
that a 'hands off' reading would be a 
'correct' reading, that is, without 
being over-range or having any offset. 
The 35 MHz range is selected simply by 
holding switch SI, while the 4 MHz 
range will be selected if S2 is depressed. 
In this way, the frequency counter as 
such will be controlled by just the two 
buttons. The 26 possible IF offset 
frequencies are shown in the far right- 
hand column of table 2. 

A note about the three unused outputs 
of PROM IC4. While they serve no 
apparent function in the circuit of the 
counter as it stands, they are available 
and can be used for any purpose the 
constructor requires, provided, of 
course, that the PROM is programmed 
to provide the desired outputs. It should 
be noted that the PROM programmer 
featured in the Summer Circuits 1980 
issue of Elektor (circuit number 97, 
page 7-90) can be used to program the 
82S23 PROMs used here. The standard 
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Figure 3. The wiring connections to the 'pin 
header' are shown here. 


PROMs containing the program given in 
table 2 will be available from Techno- 
matic Limited. 

Construction 

The completed frequency counter will 
have a very professional appearance if 
the Elektor printed circuit board and 
the hand-held Vero case (part number 
65-2996H) are used. Since this case was 
designed for the FM77T module and the 
printed circuit board was designed to 
fit the case, construction should prove 
to be fairly straightforward. There are 
however, two minor details to be dealt 

Trial and error using your own judge- 
ment will decide the actual fitting of 


the completed printed circuit board. 
It should be mounted on three plastic 
spacers with the actual board approxi- 
mately level with the top of the lower 
half of the case. In any event, it should 
be high enough to enable the switches 
to be operated when the top of the case 
is fitted, and low enough to just clear 
the underside of the module when the 
case is closed. It is not particularly 
critical and the board can even be 
mounted at a slight angle if necessary 
with a smaller gap at the display end of 
the case. It is as well to remember 
that a so called 'pin header' or DIL 
socket connector is used for making the 
connection between the FM77T module 
and the printed circuit board. A diagram 
giving the wiring details for the pin 







Resistors: 

R1 = 1 k 
R2 = 1 M 

R3.R6.R28 = 470 SI 

R4 - 220 SI 

R5 = 2k2 

R7-4k7 

R8= 100k 

R9- ion 

RIO. . . R27 = 10k 

Capacitors: 

Cl - 100 n MKH 
C2 ■ 1 00 m/6 V 

C3.C8.C9.C1 1 - 1 p/6 V Tantalum 
C4 . . . C6.C1 0, Cl 2 - 1 0 n ceramic 
C7- 220 m/16 V 

D1.D2 * 1N4148 
D3 . . . D7= 1N4004 
T1 = BF 256A 
T2 = BF 494 
IC1 = DS 8629 
IC2 “ 74LS196 

IC3.IC4 = 82S23 / Technomatic ) 

IC5 ■ 74LS04 
IC6 = 74LS12S 
IC7 = 4030 
IC8 = 7805 

Module = FM77T IThurlby Electronics 
Limited, Coach Mews, St. Ives, Huntingdon, 

Miscellaneous: 

SI . . . S5 - Digitast switch 
S6 = SP switch 
2x BNC socket 

Battery type PP3 or NiCad equivalent 


header is provided in figure 3. Extra 
care should be taken when making the 
decimal point and kHz legend con- 
nections to the module. 

The next step involves cutting an aper- 
ture in the top section of the case for 
the five Digitast switches. Special care 
is needed here since in this case it will 
be very easy to make a mistake. It may 
be preferable to start with an opening 
that is too small and then carefully 
widen it to fit the switches. 

The on/off switch, S6, can be a miniature' 
toggle switch as shown in the heading 
photograph. Again, care is needed since 
space is limited. Judicious use of good 
quality insulating tape may well help to 
overcome a few space problemsl The 
two BNC sockets can be mounted next 
and these connections are the only ones 
that require soldering to be carried out 
inside the case. Finally, a miniature 
socket for the external A.C. power 
source can be mounted next to the 
battery. 

It is important to ensure that no con- 
necting wires can be trapped between 
the two halves of the case when they are 
fitted together. If you are satisfied that 
everything is correct, a suitable power 
source can be connected and the oper- 
ation of the frequency counter can be 
tested. As there is no calibration re- 
quirement the reading will be correct 
right from the start. 14 
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... for the new Elektor synthesiser 


The VCO module described in the December issue of Elektor by no 
means provides a complete synthesiser. Connection to at least one 
voltage controlled amplifier (VCA) and a voltage controlled filter 
(VCF) is required to obtain a simple, playable instrument. A very 
compact 24 dB/octave low pass filter can be constructed around the 
Curtis integrated circuit type CEM 3320. With the aid of this device 
two VCAs (using the already established Formant circuitry) can be 
accommodated on the same printed circuit board. 



The 


Kith the Formant keyboard. 


The voltage controlled filter 

As with the VCO, the VCF module 
contains a number of CMOS switches 
as well as the various 'active' integrated 
components. The former enable the 
circuit to be controlled externally. This 
is accomplished by applying digital 
information to the relevant inputs 
during the 'preset' mode of operation. 
The circuit diagram of the filter section 
is shown in the upper portion of figure 
1. The major part of the VCF is taken 
up by the CEM 3320. which was de- 
scribed in the October 1981 issue of 
Elektor. The rest of the filter circuitry is 
made up from a small assortment of 
resistors and capacitors. 

Provision has been made for two VCO 
input signals and one noise input. The 
amplitude of the VCO signals can be 
controlled by potentiometers PI and 
P2. These signals are then mixed with 
the noise input by means of opamp A1. 
The resultant signal is then fed to the 
input of the filter 1C. (The poten- 
tiometer used to adjust the amplitude of 
the noise signal is situated on the front 
panel of the NOISE/LFO module. This 
module will be described in a future 
issue of Elektor.) 

The resonance (Q factor) of the low 
pass filter is determined by a control 
voltage derived from potentiometer P4 
and is fed to pin 9 of IC1 via the CMOS 
switch SI (pins 8 and 9 of IC3). This 
parameter can also be affected by an 
external control voltage applied via S2 
(pins 10 and 11 of IC3). As with the 
VCO module, SI has to be temporarily 
replaced by a wire link until such time 
as the complementary control circuits 
are published. 

The cut-off frequency of the filter is 
determined by a number of factors: 
coarse and fine adjustment by means of 
potentiometer P3 and preset P7, respect- 
ively; the keyboard output voltage, 
KOV (tracking filter); and the LFO and 
ADSR envelope signals. The sources of 
these voltages are connected to the 
inverting input of A3 via R23, R42, P8, 
P9 and P10. These components, together 
with A3 itself, form a simple mixing 
stage. The combined output signal is 
then fed to the frequency control input 
(pin 12) of the filter 1C. 

CMOS switches S4 and S6 also have to 
be replaced by wire links temporarily, 
otherwise the envelope control signal 
(via P5) and the control voltage provided 
by P3 cannot be used. External fre- 
quency control can be provided via 
CMOS switch S3. If this facility is 
required then the wire link must be 
moved from the S4 position to S3. The 
amplitude of the envelope waveform 
can be varied between zero and maxi- 
mum by a control voltage applied to the 
'envelope amplitude program' input 
(connection point 10 in the circuit 
diagram), provided S5 is closed and S6 
is open. 

The waveform at the 'envelope' input 
(point 8) is not only connected to 
potentiometer P5, but also to the signal 
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The completed VCF/VCA module. 


input of a VCA. This means that either 
the output of the VCA or the voltage 
present on the wiper of P5 can be fed to 
the input of the mixer (A3) via CMOS 
switches S5 and S6. The construction of 
this VCA is identical to that which 
controls the amplitude of the VCO 
signals (shown in the lower left-hand 
corner of figure 1), the details of the 
VCAs are about to be described. 

The voltage controlled amplifier 

As mentioned previously, the design of 
the VCA is based on the well-proven 
Formant circuitry. The central compo- 
nent of the amplifier is a so-called OTA 
(operational transconductance amplifier) 
type C A 3080. Effectively, this device is 
a current controlled amplifier. As both 
VCAs are virtually identical, only one 
needs to be described. Opamp A5 and 
transistor T1 convert the control voltage 
into a control current, which is fed to 
pin 5 of the OTA via resistor R27. 
Opamps A8, A10 and All serve as 
buffers. The input signal is attenuated 
by the voltage divider network R28/ 
R29 down to a level that the OTA can 
handle. The output of the OTA is 
buffered by the voltage follower A7 
before being fed to the mixer A3. The 
OTA VCA is constructed separately 
from and its operation does not depend 
on the VCF. The circuit is very easy to 
construct, is very inexpensive and, 
above all, it performs very well. It has a 
major advantage over the Curtis VCA 
(CEM 3330) in that the latter was found 
to be unable to follow very short attack 
times. This means that percussive 
sounds (piano, cymbals, xylophone, etc.) 
cannot be realised with the Curtis 
device. 

Calibration and operation 
The component overlay of the printed 
circuit board for the VCF/VCA module 
is shown in figure 2. The various sections 
of the module are tested separately. 
After installing the wire links B1 . . . B3 
instead of IC3 and IC4, check that the 
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Figure 3. The frequency characteristics of the filter for different settings of P4. 


correct supply voltages are present at 
the corresponding pins of the 1C sockets. 
The audio output of the voltage con- 
trolled oscillator (low frequency range, 
sawtooth waveform) is connected to the 
input of the filter (PI or P2). 

The module can be checked 'by ear' by 
connecting an audio amplifier to the 
output of the filter. Potentiometers P3 
and P4 are turned fully anti-clockwise. 
Following this, preset potentiometer P7 
is adjusted until the level of the sawtooth 
signal at the filter output is just audible. 
The centre frequency of the filter will 
now be in the sub-sonic range. Poten- 
tiometer P3 is used to vary the control 
voltage in stages; as the voltage is 
increased the harmonics of the funda- 
mental filter frequency plus the over- 
tones of the sawtooth signal are 
produced. When P3 is turned fully 
clockwise, the upper threshold for the 
cut-off frequency of the filter can be set 
by means of preset potentiometer P9. 
Again, the easiest way to adjust this 
parameter is 'by ear'. Potentiometer P4 
is then turned fully clockwise. The 
frequency characteristic of the filter 
becomes visibly steeper until a resonance 
peak is reached (see figure 3). If the 
control voltage is increased still further, 
the filter will tend to oscillate: at a 
certain point the frequency of oscil- 
lation will coincide with the centre 
frequency of the filter. Preset poten- 
tiometer P9 is then adjusted so that the 
frequency of these oscillations is so high 
when P3 is fully turned up, that they 
are just beyond the human hearing 
range. Then the entire tone frequency 
range can be covered by means of 
potentiometer P3. 

Calibration of P8 

By closing switch S7 the frequency of 
the filter will be determined by the 
notes played on the keyboard, provided 
P8 is correctly calibrated. Adjust P3 
until the filter starts to oscillate, in 
other words, it acts like a VCO. Now 
calibrate P8 in exactly the same manner 


as P5 of the VCO was calibrated (see the 
article published in the December 1981 
issue of Elektor). To calibrate P10 the 
envelope generator, which will be 
described in a future article, needs to be 
connected. Obviously, the Curtis filter 
can also be combined with a Formant 
envelope generator. In this instance a 
sustain value of 100% must be set 
before adjusting P10. By depressing a 
key. turning P3 fully anti-clockwise and 
P4 until the filter starts oscillate, P10 is 
adjusted until the frequency of the filter 
is just inaudible to the human ear. 

Calibrating the VCA 
All that is needed to calibrate the VCA 
is a single potentiometer to prevent the 
input to the OTA from being over- 
modulated. Again an envelope generator 
needs to be connected to pin 3 of A8. 
Connect an oscilloscope to pin 8 of A1 1. 
Link the audio output of the VCF to 
the audio input of the VCA. Connect a 
sawtooth signal to the filter input and 
turn PI and P3 fully clockwise. Adjust 
preset potentiometer PI 2 slowly from 
its minimum to its maximum setting. 
The amplitude of the sawtooth wave- 
form will increase as PI 2 is turned. 
Eventually a certain point is reached 
where the amplitude will no longer 
increase. When this occurs PI 2 will be 
correctly calibrated. The setting of P6 is 
not quite so critical; the wiper should 
be set in the centre position! 

This completes the calibration of the 
complete module. For further details 
with regard to calibrating and using the 
VCF and VCA, readers are referred to 
the articles previously published in 
Elektor (E-30, October 1977; E-31, 
November 1977 and E-32, December 
1977) and Formant Book 1. H 
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2716/2732 programmar 


P.R. Boldt 


There are a number of differences 
between the programmer published in 
the October 1981 issue and the circuit 
featured here. The earlier 'plug-in' pro- 
grammer can only be used to program 
2716 devices and the microprocessor 
system used has to have a 'hold' facility. 
This latter means that it can not be used 
with the Junior Computer. The latest 
circuit can be used to program both 
2716 and 2732 devices and has been 
designed specifically for use with the 
SC/MP and Junior Computer systems, 
although it can probably be used in 
other systems as well. A standard 
connector can be mounted on the 
printed circuit board for the new pro- 


programmer 


EPROM programmers are available 
in all shapes and sizes. The larger, 
more complicated machines tend 
to be rather expensive. However, a 
simple one can be constructed if 
the owner's microprocessor 
system is made to do the majority 
of the work, as we proved in the 
October 1981 issue of Elektor. 
The EPROM programmer 
described here is somewhat 
'middle of the road' in that it has 
been designed specifically for use 
with the Elektor SC/MP and 
Junior Computer systems. It is 
very compact (all the components 
can be mounted on a single 
'Eurocard' board) and it can be 
used to program 2732 devices as 
well as the popular 2716s. Also, it 
is possible to verify that the 
programmed data is correct. 


grammer which will mate directly with 
the SC/MP data bus or the Junior 
Computer expansion connector. These 
reasons seem sufficient grounds for 
publishing the new design. 

A detailed description of how the 2716 
EPROM can be programmed was given 
in the previous article (October 1 981 , 
page 10-14), therefore only a brief 
description is required here. Just to 
refresh your memory, a programming 
voltage of 25 V has to be connected to 
the Vpp input of the device in question. 
As far as the 2716 is concerned, this is 
pin 21 . but in the case of the 2732, it is 
pin 20. Also, a programming pulse with 
a duration of at least 50 ms has to be 
applied to the CE input (pin 18) of the 
EPROM so that the information present 
on the data lines can be stored in the 
corresponding address location. 

If you have a computer which has a 
'hold' facility at your disposal, then the 
'plug-in EPROM programmer' will be 
quite sufficient. However, it can not be 
used with the Junior Computer, as there 
is no facility for holding the address and 
data lines stable for the 50 ms period 
required for programming. This means 
that for the idea to be implemented on 
the Junior Computer, the information 
presented to the address and data lines 
has to be 'latched' until programming is 
completed. Although these latches are 
not required by the SC/MP. they are 
included on the printed circuit board to 
make the unit more 'versatile'. The 
board can be 'programmed' for use with 
either the SC/MP or the 6502 (Junior 
Computer) by means of wire links. The 
circuit is designed in such a way that 
all the signals required during the 
programming are generated by means 
of hardware. 


The circuit diagram 

Before having a closer look at the pro- 
gramming, it is a good idea to examine 
the intricacies of the circuit itself (see 
figure 1). As stated previously, the 
address and data information has to be 
temporarily stored in latches. This is 
accomplished by means of IC1 . . . IC4. 
The 2716 requires 11 address lines, 
whereas the 2732 requires 12. The 
twelfth address line (All) is connec- 
ted to the 2732 via switch SI (the 
2716/2732 selector switch). 

The data lines, DO . , , D7, are fed to 
two latches connected in parallel (IC1 
and IC2). The inputs of IC1 are connec- 
ted to the outputs of IC2 and vice versa. 
Consequently, it is possible for the 
computer to read the data contained in 
the EPROM being programmed. As can 
be seen from the left-hand side of the 
diagram, a few other connections to the 
computer are also required. 

Furthermore, some form of address 
decoding has to be provided, so that the 
EPROM can be programmed from any 
area of computer memory. 'Page ad- 
dressing' is accomplished by means of a 
four bit comparator, IC5. The 'A' 
inputs of this device are connected 
directly to the high order address lines 
A1 2 . . . A1 5, whereas the 'B' inputs are 
connected to switches S3 . . . S6. An 
'open' switch produces a high logic 
level, therefore S3 corresponds to 
address line A12, S4 to A13, S5 to A14 
and S6 to A15. A so called 'page’ 
always consists of 4 kilobytes. This may 
seem quite a lot, but it is essential as the 
circuit has to be able to program and 
read (verify) a 4k EPROM (2732). This 
means that when a 2716 is programmed 
it can be accessed in two address ranges 
- x000 . . . x7FF and x800 . . . xFFF, 
where x is any hexadecimal value 
(0 , . . F) depending on the positions of 
S3 . . . S6. 

The timing for the programming pulses 
is derived from IC6, which is a CMOS 
version of the well known 555 timer 
and which is connected as an astable 
multivibrator. The values of capacitor 
Cl and resistors R5 . . . R7 determine 
the pulse duration of the multivibrator. 
With the values shown, this pulse 
duration is 10 ms. The output of the 
multivibrator is fed to the input of an 
8 bit shift register, IC7, via an inverter, 
N5. The reset input of IC6 (pin 4) is fed 
from the Q output of flipflop FF2. The 
clock inputs of flipflops FF1 and FF2 
are provided with clock pulses via 
inverter N6, which is connected to pin 
31a of the 'bus' connector. Conse- 
quently, both flipflops receive a clock 
pulse each time the processor outputs a 
write signal. 

The 'A = B' output of IC5 will become 
high as soon as the preset page address 
is recognised. If the flipflops receive a 
write pulse from the processor at this 
time, the Q outputs of both FF1 and 
FF2 will go high simultaneously. FF2 
removes the reset from the multivibrator 
(IC6), thereby starting the timing se- 
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Resistors: 

R1 . . . R4= 10k 
R5- 120k 
R6 = 270 k 
R7,R11,R12 = 47k 
R8 = 220 n 
R9 - 2k2 
R10-2k2/V4W 
R13-4k7 

Capacitors: 

Cl «68n 
C2 * 1 0 n 

C3 . . . C5.C7 . . . C11 - 100 n 
C6 - 470 p/35 V 

Semiconductors: 

D1.D2- AA119 

D3.07.D8 = DUS 

D4 = 5V6/400 mW zener diode 

D5.D6 = 10 V/400 mW zener diode 

D9 = LED 

D10. . . D13 = 1N4001 
T1.T2.T4 - TUN 
T3 = BC 141 
IC1 . . . IC4 * 74LS373 
IC5 = 74LS85 
IC6 = 7555 
IC7 = 74LS164 
IC8 = 74LS74 
IC9 = 74LS08 
IC10 = 74LS04 
IC11 = 74LS32 
1C 12 = 74LS86 

Miscellaneous: 

52 = SPST 

53 . . . S6 = 4 miniature DIL switches 

64 way right-angle male connector, 
DIN 41612 


quence. FF1, on the other hand, enables 
the small power supply constructed 
around transistors T1 ...T3 to provide 
the required 25 V for the programming 
input of the EPROM. The 25 V power 
supply can be switched on and off via 
FF1 or, alternatively, it can be disabled 
by means of switch S2 so that the 
EPROM can only be 'read'. 

Now to continue the story; the pro- 
gramming voltage is switched on and the 
timer has been started. The trailing edge 
of the pulses supplied by the timer enter 
a succession of 'ones' into the shift 
register, IC7. This means that the Q 0 
output of the shift register becomes 
high after 10 ms, and so does the CE 
input of the EPROM. The Cl input 
remains high for a duration of 50 ms, 
due to the fact that the Q 0 and Q s 
outputs of the shift register are gated 
together by means of the EXNOR gate 
N 1 4. After a further delay of 10 ms, 
output Q 6 will go high, which resets 
flipflop FF1 and turns off the program- 
ming voltage. During this_ time the 
latches are enabled via the Q output of 
FF2 until the Q 7 output of IC7 goes 
high 10 ms later. The Q output of FF2 
is also connected to transistor T4 via 
D8 and R13. This transistor turns on 


LED D9 all the time that the EPROM 
is being programmed. 

The section of the circuit just described 
has nothing to do when the contents of 
the EPROM are being read — as the 
processor does not provide a write signal 
at this time. During the read process the 
outputs of IC2 are set in the 'tri-state' 
mode and IC1 is enabled, which means 
that the information contained in the 
EPROM is (almost) connected directly 
to the data lines of the processor. 

Switch SI is used to select between the 
two possible types of EPROM that can 
be programmed. If SI is in the position 
indicated in the diagram (2716), the 
programming voltage is connected to 
pin 21 via diode D2 and the 0E input is 
connected to the output of gate Nil. 
With the switch in the other position 
(2732), address line All is connected 
to pin 21 and the programming voltage 
is applied to pin 20. Various control 
signals for the programmer are derived 
from those of the microprocessor via 
gates N1 . . . N4, N9, N10, N12 and 
N15. 

The printed circuit board 

The printed circuit board and compo- 
nent overlay for the EPROM program- 
mer is given in figure 2. Mounting the 
components onto the Eurocard sized 
board should not cause any problems, 
especially for readers who have gained 
construction experience with the SC/MP 
or Junior Computer systems. A word of 
advice: it is important to select a good 
quality socket for the EPROM as this 
has to be used repeatedly. Ideally, a 
'zero insertion force' type should be 

Depending on whether the programmer 
board is to be used with the SC/MP 
system or with the Junior Computer, 
certain wire links will have to be in- 
stalled. These are clearly marked on the 
component side of the board. All other 
connections are made via the standard 
'bus' connector. The only component 
not mounted on the board is the 24 V 
transformer which is required for the 
programming voltage supply. 


Using the programmer with the 
SC/MP 

It is a very simple matter to use the 
EPROM programmer with the Elektor 
SC/MP system. The first requirement 
is to close switch S2. When the desired 
address range has been set by means of 
switches S3 . . . S6, an 'empty' EPROM 
is mounted in the socket and the board 
installed into the system. After the 24 V 
a.c. voltage has been applied, switch S2 
is opened and the power supply to the 
computer turned on. Now the EPROM 
can be programmed. It is wise to close 
S2 as soon as programming has been 
completed. 

The SC/MP system does not require 
any extra software for programming 
EPROMs. ELBUG is quite sufficient. 
Memory locations can be programmed 


by using the 'modify' key followed by 
the address of the location to be pro- 
grammed (Mo . . . YYYY). An unpro- 
grammed EPROM location will indicate 
'FF' on the display. If, for example, the 
value 08 is to be stored at the chosen 
location, all that has to be done is to 
enter 08 and the data will be stored in 
the specified address location. 

If larger data blocks are to be program- 
med, it is recommended to store them 
somewhere in RAM first. They can then 
be transferred to EPROM via the block 
transfer routine (BL...SSSS, EEEE, 
BBBB; where S = start address, E - end 
address and B = initial address of where 
the data block is to be located). The 
EPROM can be read in exactly the same 
manner as for a 'normal' memory 
location. 

Using the programmer with the 
Junior Computer 

Before the Junior Computer can be used 
to program EPROMs, a short 'piece' of 
software is required. A suitable pro- 
gram is given in table 1 . This is stored in 
locations 0200 . . . 0277. The EPROM 
programmer card has to be connected 
to the expansion connector of the 
Junior Computer before the 24 V a.c. 
voltage is applied. Finally, the Junior 
Computer has to be switched on and the 
program in table 1 entered into mem- 
ory. The programmer board will then be 
ready for use. 

It is, of course, now possible to store 
the program in table 1 in EPROM, so 
that it does not have to be entered each 
time it is required. This means that 
the absolute jump instructions in the 
program have to be altered so that 
the routines will work correctly in a 
different memory area. It is possible to 
'store' the program in the TM EPROM 
situated on the extension board. This 
still has a number of empty locations, 
0C80 . . . 0CFF, which can be used for 
exactly this purpose (in the EPROM 
itself these are locations 480 . . . 7FF). 
If the TM EPROM is to be used to store 
the 'program' program the start address 
should be 0C80 instead of 0200 (see 
table 1) and the absolute jump instruc- 
tions (all three byte instructions ending 
with the value 02) should be modified 
accordingly. We will now give a brief 
description of the three program 
sections: Program, Duplicate and Verify. 

The program routine 

The low and high order bytes of the 
EPROM start address are first stored in 
memory locations MOVL and MOVH 
(0004 and 0005), respectively. Then the 
program routine is started from address 
0200. Now the address and the data 
contained therein will appear on the 
Junior Computer display. 

If, for example, the value A9 is to be 
programmed into the specified location, 
the key 'A' is depressed (the display 
remains unchanged) followed by key- 9. 
The display will then go blank for a 


ORG $0200 


PAGE ZERO DATA BUFFERS : 


$0000 DATA BLOCK START ADDRESS 
$0001 

$0002 DATA BLOCK END ADDRESS + 1 
$0003 

$0004 EPROM PROGRAM START ADDRESS 
$0005 

S00F9 DISPLAY BUFFER ( DATA ) 

$00FA " " ( ADDRESS L ) 

$00FB " " ( ADDRESS H ) 


EXTERNAL SUBROUTINES : 


JUNIOR MONITOR START : 


PROGRAM START ADDRESS : $0200 ( PROG ) 

DUPLICATE START ADDRESS : $0222 ( DUPL ) 

VERIFY START ADDRESS : $0233 ( VERIFY ) 


0203 A0 00 
0205 B 1 FA 
0207 85 F9 
0209 20 6F ID 


020C 10 07 
020E A0 00 
0210 91 FA 


0212 4C 03 02 

0215 C9 12 PR 

0217 D0 35 

0219 E6 FA 

021B D0 E6 

021D E6 FB 

021F 4C 03 02 

0222 20 55 02 DUPL 

0225 A0 00 DU 

0227 B 1 00 

0229 91 FA 


022B 20 5E 02 
022E D0 F5 
0230 4C ID 1C 


TRANSFER MOVL (H) TO POINTL(H) 

CLEAR Y-REGISTER 

. GET DATA SPECIFIED BY POINTL(H) AND 
STORE THIS IN DISPLAY BUFFER INH 
' READ TWO HEXKEYS AND STORE THEIR VALUE IN THE 
ACCUMULATOR. RETURN WITH N=1 IF 
ONLY HEXKEYS WHERE DEPRESSED. 

IF A COMMAND KEY WAS DEPRESSED, 

RETURN WITH N=0 
COMMAND KEY DEPRESSED? 

CLEAR Y-REGISTER 

. PROGRAM THE CONTENTS OF THE ACCUMULATOR IN 
THE EPROM MEMORY LOCATION 
SPECIFIED BY POINTL(H) 


TRANSFER MOVL (H) TO POINTL(H) 

GET DATA SPECIFIED BY SAL (H ) 

. PROGRAM THE CONTENTS OF THE ACCUMULATOR IN 
THE EPROM MEMORY LOCATION 
SPECIFIED BY POINTL(H) 

' INCREMENT SAL (H) AND POINTL(H) BY ONE 
NOT LAST ADDRESS 
RETURN TO JUNIOR MONITOR 


0233 20 55 02 VERIFY JSR TRF TRANSFER MOVL(H) TO POINTL(H) 

0236 A0 00 VER LDYIM $00 

0238 B1 FA LDAIY POINTL GET DATA SPECIFIED BY POINTL(H) 

023A D1 00 CMPIY SAL COMPARE THIS DATA WITH DATA SPECIFIED BY SAL (H) 

023C F0 0F BEQ NEXT DATA EQUAL? 

023E 20 88 ID ANYKEY JSR SCAND DISPLAY EPROM ADDRESS AND DATA 


2716/2732 programmer 


0170: 0241 D0 FB 
0180: 0243 20 88 ID 
0190: 0246 D0 F6 
0200: 0248 20 88 ID 
0210: 024B F0 FB 
0220: 024D 20 5E 02 
0230: 0250 D0 E4 
0240: 0252 4C ID 1C 
0250: 

0260: 

0270: 

0280: 

0290: 

0300: 0255 A5 04 
0310: 0257 85 FA 
0320: 0259 A5 05 
0330: 025B 85 FB 
0340: 025D 60 
0350: 

0360: 025E 20 88 ID 
0370: 

0380: 

0390: 0261 E6 00 
0400: 0263 D0 02 
0410: 0265 E6 01 
0420: 0267 E6 FA 
0430: 0269 D0 02 
0440: 026B E6 FB 
0450: 026D A5 01 
0460: 026F C5 03 
0470: 0271 D0 04 
0480: 0273 A5 00 
0490: 0275 C5 02 
0500: 0277 60 


BNE 

JSR 

BNE 

NKEY JSR 
BEQ 

NEXT JSR 
BNE 
JMP 


ANYKEY ANY KEY DEPRESSED? 

SCAND DISPLAY EPROM ADDRESS AND DATA 
ANYKEY ANY KEY DEPRESSED? 

SCAND DISPLAY EPROM ADDRESS AND DATA 
NKEY NO KEY DEPRESSED? 

INCMNT INCREMENT SAL (H ) AND POINTL(H) BY ONE 
VER NOT LAST ADDRESS? 

RESET RETURN TO JUNIOR MONITOR 


SUBROUTINES 


TRF 


LDAZ MOVL 

STAZ POINTL TRANSFER MOVL TO POINTL 
LDAZ MOVH 

STAZ POINTH TRANSFER MOVH TO POINTH 
RTS 


INCMNT JSR 


INCZ 
BNE 
INCZ 
INCDA INCZ 
BNE 
INCZ 
COMP LDAZ 
CMPZ 
BNE 
LDAZ 
CMPZ 

RTRN RTS 


SCAND DISPLAY FOR ABOUT SMS POINTH, POINTL 
AND INH ( = EPROM ADDRESS AND DATA 
ON THIS ADDRESS ) 

SAL INCREMENT SAL (H) BY ONE 

INCDA 

SAH 

POINTL INCREMENT POINTL (H) BY ONE 

COMP 

POINTH 

SAH 

EAH COMPARE EAH WITH SAH 

RTRN EAH NOT EQUAL SAH? 

SAL 

EAL COMPARE EAL WITH SAL 


Table 1. The software required for the Junior Computer to program and verify EPROMs. 


short while (about 70 ms) and then 
the value A9 will appear to indicate 
that the EPROM location has been 
programmed correctly. 

The next address will appear after the 
'+' key has been operated. New data 
can then be programmed into this 
location. The contents of the EPROM 
can be read by simply depressing the 
'+' key repeatedly, or by returning to 
the monitor program of the Junior 
Computer (depress the reset key). 


The duplicate routine 

This routine is used to copy a section 
of memory from one area to another. In 
order to do this, the memory locations 
SAL and SAH (0000 and 0001) have 
I to contain the start address of the data 
1 block which has to be copied; EAL and 
I EAH (0002 and 0003) have to contain 
_ j the end address +1 of the data block to 


be copied; MOVL and MOVH (0004 
and 0005) have to contain the start 
address of the memory area which the 
data block has to be moved to (some- 
where inside the EPROM). 

The duplicate routine can be started 
from address 0222, whereupon the 
display is blanked. Each time a memory 
location is programmed the display will 
light briefly to indicate how the process 
is progressing. Once the entire data 
block has been programmed into the 
EPROM the Junior Computer will dis- 
play the last address +1. 


The verify routine 

This routine enables selected data 
blocks to be compared with the con- 
tents of the EPROM. Again, the start 
address, the end address +1 and the 
destination address have to be entered 
before the routine is started (start 
address = 0233). 


The program will stop when (or if) an 
error is detected. The address containing 
the error will then appear on the dis- 
play, together with the data contained 
in the EPROM at that location. If any 
key is then depressed (except for 'reset' 
or 'NMI') the program will continue 
with its check. After the final check the 
Junior Computer will display the last 
address +1. 

With all the information provided in 
this article, it should be possible to 
program your own EPROMs quickly 
and efficiently. You will soon discover 
the advantages of having your very own 
EPROM programmer. H 
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induction loop 
paging system 


Short range paging systems are 
normally used in large buildings or 
by people with very poor hearing. 
The system described in this 
article has many more applications: 
it can be used as a 'wireless' 
connection for radio or TV sound, 
as a baby alarm, as a doorbell 
extension or even as an intercom 
system. 


An induction loop paging system 
provides wireless transmission of infor- 
mation and can be used as a personal 
paging system in factories, warehouses, 
etc. or as a hearing aid in cinemas, 
theatres, etc. To be viable, the system 
should be very economically priced. The 
requirements for constructing such a 
system are: a (powerful) audio ampli- 
fier; a loop of wire that marks the 
periphery of the area to be covered; a 
sensitive audio amplifier for each 
'participant'. The latter must be able 
to sufficiently amplify the energy pro- 


duced in a small pick-up coil (see 
figure 1). 

The lines of (magnetic) flux are perpen- 
dicular to the area produced and 
bordered by the paging system. Al- 
though this system can be used in all 
the above mentioned cases, an infra-red 
system is more commonly used. Com- 
pared with the induction loop paging 
system, an infra-red system has many 
more advantages if only a small area has 
to be covered, the main points being 
greater bandwidth and less chance of 
interference. 


The (audio) induction loop paging ^ 
system only operates in the audio 
frequency range and is prone to 
interference from television sets and 
thyristor or triac controlled dimmer 
circuits. If an induction loop paging 
system is required, possible interference 
sources in the surroundings must be 
taken into account. Advantages of the 
system are: low cost and no visible 
connection (direct or indirect) between 
the 'transmitter' and 'receiver'. 

There are certain disadvantages of this 
type of system: not only can the 
neighbour's television and dimmer con- 
trols cause interference, but any at- 
tempts to minimise this interference by 
increasing the power output have an 
inverse effect as well. The magnetic field 
of the induction loop paging system will 
generate a voltage in any surrounding 
coils. Such a coil could be formed by 
an existing earth circuit in electronic I 
equipment. This indicates that inter- 
ference will be caused to stereo equip- 
ment containing magnetic or moving 
coil cartridges. Another 'victim' would 
be a tape recorder due the coil of the 
record head, which is connected to 
a very sensitive amplifier circuit. The 
induction loop paging system could also 
interfere with an electric guitar. 

This means that if an induction loop 
paging system is to be employed on a 
small scale, it is necessary to ensure that 
the system does not cause interference 
to or receive interference from other 
systems. Therefore, some form of 
modulation has to be implemented. 

On the one hand, the frequencies used 



1 . The basic idea behind the induction loop paging system. The lines of 


i perpendicular to the 
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Figure 2. The receiver consists of a preamplifier, a phase-locked loop demodulator and at 


have to remain in the audio range, to 
satisfy Home Office requirements, and 
on the other, they must be inaudible. 
Consequently, the bandwidth of the 
system will have to be limited. Although 
the circuit described in this article is 
capable of operating with a bandwidth 
of 6 kHz, it has been limited to 3 kHz. 
This still provides excellent speech 
intelligibility, for which the induction 
loop paging system is primarily in- 
tended. Normally, persons with im- 
paired hearing are unable to detect 
higher frequencies, so the limited 
bandwidth will not be that much of a 
problem for them. Music reproduced 
over the system can be compared with 
‘transistor radio' quality. 

The induction loop paging system 
utilises frequency modulation with a 
carrier frequency of around 24 kHz. 
This is still within the audio spectrum, 
although it is inaudible to the human 
ear. The major advantage of frequency 


modulation in the fact that interference 
to and from other equipment is very 
much reduced. The use of FM does not 
eliminate interference completely, but it 
is certainly superior to other methods of 
modulation. 

There are two main reasons why the 
frequencies used have to remain in the 
audio range. In the first place, it is 
much easier to process audio signals 
than it is to process high frequency 
(RF) signals. Secondly, the induction 
loop paging system starts to show 
increasing 'aerial effect' with higher 
frequencies, which is intolerable with 
regard to the possible interference 
caused. What is more, the law prescribes 
that the information must not 'leave' 
the house! 

The receiver 

The block diagram of the receiver is 
illustrated in figure 2. The induced out- 


put from the pick-up coil is amplified, 
demodulated by a phase-locked loop 
(PLL) and fed to an audio amplifier. If 
required, an additional headphone am- 
plifier could also be connected. There 
are a number of ways in which such a 
block diagram can be realised. In the 
design presented here, particular atten- 
tion has been paid to low cost, easy 
construction and also a limit has been 
imposed on the size of the printed 
circuit board. 

The complete circuit diagram of the 
receiver section is shown in figure 3. 
The pick-up coil has an inductance 
value of 6 mH. The diameter of this coil 
is 3 cm. The coil and capacitor Cl form 
a resonant circuit with a frequency of 
around 24 kHz. This signal is then 
amplified by transistors T1 and T2 and 
'clipped' by transistors T3 and T4 to 
compensate for high amplitude input 
signals. The overall gain from the pick- 
up coil to the PLL is considerable. The 
induced voltage in the coil is only a few 
microvolts, whereas the PLL requires 
a signal in the order of 500 mV p .p for 
correct operation. 

Noise is unavoidable in wide-band 
amplifiers, and the four stage circuit 
shown in figure 3 is no exception. 
However, this is not necessarily a 
problem, as the PLL is not so sensitive 
to harmonics and sub-harmonics as it 
is to the fundamental frequency. By 
including capacitor C8, the high fre- 
quency content of the input signal is re- 
duced slightly, which is quite sufficient. 
A CMOS phase-locked loop (type 4046) 
is used for the FM demodulator for the 





following reasons; its low voltage supply 
requirements; its low current consump- 
tion and (more importantly?) its low 
cost. One disadvantage is that the VCO 
frequency is not particularly stable. 
This slight drawback is compensated 
for by the wide tuning range prodived 
by preset potentiometer PI. Moreover, 
this disadvantage is virtually eliminated 
due to the fact that this device has a 
very wide capture and hold range. 

The zener diode contained in the 1C 
(pin 15) is used to stabilise the supply 
voltage to the PLL and the preampli- 
fier. The zener voltage is between 5 
and 6 V. The actual value is not critical, 
but any change (as a result of decreasing 
battery voltage) is. The frequency of the 
VCO is dependent on the supply voltage 
as well as the conversion constant 
(which is the relationship between the 
frequency and the control voltage) of 
the PLL. This means that the resultant 
output voltage could vary with changes 


in supply voltage even though the input 
signal is constant. For this reason, the 
usual series dropper resistor associated 
with zener diodes is replaced by a series 
transistor (T5). Thus the receiver can 
still be used with a supply voltage of 
about 6 V without motor-boating (low 
frequency oscillation). 

The audio amplifier produces a power 
output in the region of 0.5 W. To make 
the receiver as compact as possible, 
an 1C has been used here. However, the 
major drawback here is the fact that this 
device has a current consumption in 
the order of 7 mA. The total current 
consumption of the receiver is about 
1 0 mA. Therefore, the choice between 
'ordinary' batteries and NiCad cells 
depends on how often and for how long 
the receiver is to be used. 

The receiver has a very high sensitivity, 
which offers the advantage of being able 
to operate far beyond the periphery of 
the induction loop when there is little 


or no interference present. However, 
this parameter is not obtained automati- 
cally. Radiation from the moving coil 
of the loudspeaker (or the dynamic 
headphone) and radiation from the 
inductance loop could have a detrimen- 
tal effect on each other if the installa- 
tion is not carried out correctly. 


The transmitter 

The block diagram and the circuit 
diagram for the transmitter section of 
the induction loop paging system are 
shown in figures 4 and 5, respectively. 
The transmitter consists of a low 
frequency preamplifier, a VCO and a 
'switching' output stage. The input 
preamplifier is a simple mixer to which 
two possible signal sources can be 
connected. Input 1 is the most sensitive 
and has the lowest input impedance. 
Sensitive, low impedance microphones 
can be connected directly to this input. 
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The other input can be used with higher 
level signals such as the line output of 
an audio amplifier. A low-pass filter 
has been added after the preamplifier 
to reduce any high frequency inter- 
ference. 

For example, let us assume that input 2 
is connected to the sound output of a 
television receiver. This means that the 
line oscillator frequency (about 16 kHz) 
will also be present — especially with 
cheaper sets. This gives a difference of 
about 8 kHz when a carrier frequency 
of 24 kHz is used. Moreover, the third 
harmonic of the TV line oscillator and 
the second harmonic of the VCO are 
very close to each other. In other 
words, interference would be very 
prominent. A similar example can be 
given with the 19 kHz and 38 kHz 
products of an FM stereo receiver. 
Therefore, it is imperative to reduce 
the bandwidth of the signal presented 
to the transmitter VCO. 


A simple active filter is not sufficient, 
as the attenuation of the filter has to 
increase rapidly beyond a certain 
frequency value. A passive LC filter is 
ideal, especially as very few components 
are required. The filter used in the 
transmitter, consisting of LI, L2 and 
C3 . . . C7, provides 6 dB attenuation at 
a frequency of 3 kHz and as much as 
60 dB attenuation at a frequency of 
5.5 kHz. The attenuation will never be 
less than 70 dB for higher frequencies 
(up to 50 kHz). 

The transmitter VCO is constructed 
around a 555 timer. This provides 
excellent frequency stability and suf- 
ficient 'power' to drive the output stage. 
Unfortunately, this device has its 
limitations in that the frequency modu- 
lation obtained is not absolutely perfect 
and a slight amplitude modulation of 
the output signal occurs. This, however, 
is not noticeable in the receiver due to 
the limiters and the AM suppression 


Part* list for the receiver 


Resistors: 

R1 - 4k7 
R2 = 3k3 
R3.R5.R7 - 8k2 
R4.R6 = 470 k 
R8 = 820 SI 
R9 = 56 k 
R10= 120k 
R1 1 = 5k7 
R12= 22 k 
R13 = 220 Si 
R14 = 4k7 
R15= 1 k 
Ri6 = ion 
R17 * 10 k 
PI ,P2= 100 k preset 


Capacitors: 

Cl ■= 6n8 

C2.C3 = 1 p/6 V tantalum 

C8 = 82 p’ 

CIO = 180 p 

Cl 1 = 47 p/6 V tantalum 

C12 = 2n2 

C13- 15n 

C14= lOOn 

C15 = 1 p/6 V 

C16- lOOp/IOV 

Cl 7 = 47 n 

C18 - 220 p/10 V 

C19-4n7 


Semiconductors: 

T1 . . . T4 = BF 494 
T5 = BC 559C 

D1,D2,D4 . . . D7 ■ 1N4148 
D3 “ 1N4001 
IC1 = 4046 
IC2 = LM 386 


Miscellaneous: 

LI - 500 turns of 0.1 mm 0, 
enamelled copper wire 
coil diameter about 3 cm (see text) 



Figure 8. The 
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provided by the PLL. The linearity of 
the 555 VCO leaves much to be desired, 
but it has no disturbing effect on the 
quality of reproduction. 

Transistor T3 amplifies the VCO output 
signal in order to supply the induction 
loop of the paging system with suf- 
ficient power. The signal has to be 
filtered before it is fed to the loop and 
some form of coupling between the 
loop and the output stage must be 
found. It is recommended to isolate the 
loop from the output stage. This can be 
accomplished by using a (modified) 
40 pH 'anti-interference' coil (for 
example, a toroid as used in light 
dimmers). This then functions as a 
'tank' circuit. Although the efficiency 
is not particularly impressive at the 
operating frequency of 24 kHz, it serves 
the purpose quite well. Attenuation of 
harmonics is quite considerable, which 
is useful for this application. 

The modification to the toroid is very 
simple and is performed by adding a 
number of secondary windings around 
the coil. For a typical living room, ten 
secondary windings are sufficient. In 
this way the circuit is electrically 
isolated from the loop itself. There is 
plenty of room to wind the secondary 
around the toroid with well insulated 
wire, the diameter of which should be 
at least 0.5 mm. 


Construction 

Installation of the transmitter will be 
dependent on the application. If it is 
used for TV sound, it may be possible 


Parts list for the transmitter 
Resistors: 

R1 = 100k 
R2 = 4k7 
R3 - 47 k 
R4 = 470 k 
R5 = 470 n 
R6.R8 = 1 k 
R27 = 27 k 
R9= 1000 
RIO = 180 0 

P2 = 22 k preset 

Capacitors: 

Cl = 470 n 
C2= lOOp 
C3.C7 = 1 20 n 
C4.C6 « 10 n 
C5- 180 n 

C8.C14 = 1 p/6 V Tantalum 
C9 ■ 1 n 

CIO - 1 p/35 V Tantalum 
Cl 1 = 68 n 
Cl 2 - 330 n 

C13 - 10 p/35 V Tantalum 
Cl 5- 2200 p/16 V 
C16.C17 = 47 n 

Semiconductors: 

T1 = BC 549C 
T2 = BC 547B 
T3 = BD 241 
IC1 = 555 
IC2 - 78L05 

B1 = B40C1000 (1 ampl bridge rectifier 

Miscellaneous: 

L1.L2 = 47 mH microchoke 
L3a = 40 pH anti-interference coil 
L3b = insulated copper wire 

Cu 0 > 0.5 mm on L3a (see text) 
Trl = 1 2 V/0.4 A transformer 


to mount the transmitter inside the TV 
cabinet. It may even be possible to 
derive the power supply for the trans- 
mitter from the TV, especially if a 
circuit diagram is available. A word of 
warning:remember that the guarantee 
may not be effective if additional 
circuitry is added. Also, the majority 
of TV sets do not use a mains trans- 
former and very often the chassis is 

The current consumption of the trans- 
mitter is about 400 mA, which means 
that it should not be too difficult to 
construct a suitable power supply if the 
need should arise. It is preferable to 
connect the audio input to a signal 
source which can not be influenced by 
external means - before the volume 
control! It is important to make sure 
that the coils of the low-pass filter 
(LI and L2) are not situated in the 
vicinity of supply transformers. If the 
circuit is mounted inside a TV receiver, 
it should not be placed near the line 
oscillator, the line transformer or the 
deflection coils. 

As far as the receiver is concerned, it is 
advisable to wind the pick-up coil 
around the inside of the housing to be 
used. Consequently, it may not be 
possible to use the type of coil illus- 
trated in the diagram. The inductance 
value of 6mH is essential, along 
with the size of the coil which should 
occupy at least 7 cm 2 . The shape of 
the coil is not important as long as the 
above conditions are fulfilled. 

It is always difficult to predict how 
many turns are actually required. The 
easiest solution is to wind a hundred 
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turns around the coil, connect a 6n8 
capacitor across it and determine the 
resonant frequency with the aid of a 
signal generator. Thus, having found the 
resonant frequency to be 79 kHz, 
for example, the number of turns re- 
quired would be: (lOOx 79) / 24 = 329. 
This method is quite accurate enough. 
The test 'set-up' is shown in figure 6. 
It is important to ensure that the signal 
generator used is accurately calibrated. 
If there is any doubt, the final check 
can be carried out with the transmitter 
instead of the tone generator. The value 
of the parallel capacitor should be 
between 4n7 and 8n2, otherwise the 
bandwidth of the circuit would be 
outside the preset limits. 

The connection leads to the pick-up 
coil should be as short as possible. This 
is not necessarily a problem as the 
connection points for the coil are 
situated near the edge of the printed 
circuit board (see figure 8). As men- 
tioned previously, there should be no 
form of coupling between the input and 
output, as otherwise the sensitivity 
of the receiver would be drastically 
reduced. Consequently, the connections 
to the loudspeaker or headphone have 
to be installed as far away as possible 
from the input. 

Although the transmitter output can be 
connected directly to the induction 
loop, a considerable increase in signal 
strength can be gained by tuning the 
loop. Figure 7 illustrates how this can 
be accomplished. Initially, the value of 
capacitor C x should be 22 n when the 
measuring circuit is connected to the 
induction loop. The meter reading 
should be noted. The value of C x is 
then increased until the meter reading 
starts to drop. The capacitor value 
which gives the highest reading should 
then be connected between point X 


and the loop. In practice, the value of 
the capacitor, which forms a series 
resonant circuit with the loop, will be 
somewhere between 47 and 680 n. 
Although the loop is now 'tuned', it 
does not mean that the system necess- 
arily operates at maximum effectiveness. 
For example, a 'free' induction loop 
formed by central heating or water 
pipes would have a much lower induct- 
ance value than a 'living room' loop 
with four turns, but the range of the 
'free' loop would be much greater. The 
reader is quite free to experiment with 
different kinds of induction loop, as 
long as the output stage of the trans- 
mitter is not overloaded. With a correct 
'interface' the voltage at points x and y 
will be around 2 ... 6 Vp.p. Therefore, 
a reading of 1 ... 3 V willbe obtained 
with the half-wave rectifier circuit given 

Perfectionists can also experiment with 
the number of turns for L3b, after 
having found the correct value for the 
series capacitor C x . The optimum 
number will be that which gives a 
maximum reading on the test set-up of 
figure 7. Although a gain of as much as 
20 dB can be obtained by tuning the 
induction loop, it is not really necessary 
if the system is to be used indoors. 
However, tuning will reduce inter- 
ference from other sources quite con- 
siderably. 


Operation 

Firstly, it is essential to make sure that 
no mistakes were made during construc- 
tion. This is especially true of the trans- 
mitter as the 555 timer and output tran- 
sistor will just not cope with short cir- 
cuits! Once everything has been checked 
and found to be satisfactory, the trans- 


mitter can be turned on and a suitable 
audio signal (speech or music) con- 
nected to the input. The induction loop 
is then connected to the output, bearing 
in mind the point made previously 
about the voltage across points x-y. 
When the receiver is switched on the 
signal fed to the transmitter should be 
audible. The input level can then be 
adjusted by means of PI or P2 of the 
transmitter (depending on the input 
used) until the distortion (if any) is 
reduced to a minimum and/or is accept- 
able. 

Preset potentiometer PI in the receiver 
is then adjusted to give optimum 
reproduction of the transmitted signal. 
In order to perform this adjustment 
correctly, the receiver should be moved 
away from the transmitter until recep- 
tion is barely audible, since the capture 
range of the PLL is very wide. The 
setting of PI can be checked by 
switching the receiver off for a moment. 
When it is turned back on, the PLL 
must lock in immediately. 

If the PLL does lock, but the sound level 
differs from the previous level, the VCO 
will be tuned to a harmonic or sub- 
harmonic of the fundamental fre- 
quency. When the PLL is correctly 
locked the voltage at pin 9 of the 
4046 will be in the region of 2 ... 3 V. 
This value can only be measured with a 
high impedance (FET) voltmeter. If 
such an instrument is not available, the 
voltage at pin 10 can be measured, 
which should be about 0 . . . 0.5 V 
greater than that at pin 9. 

As can be expected, the results that can 
be achieved with a correctly set up 
circuit depend entirely on the type of 
induction loop used and the 'interface' 
to the transmitter. The prototype was 
tested using a set-up similar to a normal 
living room. A television set was even 
placed inside the area of the induction 
loop (22 m J ) to provide an interference 
source. Besides this, the system was also 
tested with a 'free' induction loop 
comprised of an earth connection and 
the central heating pipes. The results 
obtained are as follows: Using a single 
'untuned' winding the system was 
usable to a distance of 2 m outside the 
loop area. However, the receiver could 
not be used any closer than 2 m to the 
TV set without interference from the 
line oscillator. 

With a 'tuned' loop of three windings 
the receiver could be used as close as 
1 .5 m to the TV. The reception was still 
acceptable up to a distance of 4 m 
outside the area. 

When the central heating pipes were 
used as the induction loop, the system 
exhibited an acceptable reception range 
of 20 m. After tuning, the signal-to- 
noise ratio improved and the range out- 
side the building increased to 50 m. 
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diode dimmer 


A relatively expensive 'luxury' dimmer 
is not really required to reduce the 
brightness of the house lights. In many 
cases it would probably be a lot easier 
and certainly cheaper to connect a 
diode in series with the light in question. 


Figure 1 gives a clear indication of what 
is meant. The negative half-cycles of the 
mains voltage are 'blocked' by the diode 
so that the voltage across the lamp is 
reduced to half that of the mains 
supply. This means that the lamp will 
not only consume less electricity and 
therefore give less light, but also the 
lifespan of the bulb will be considerably 
increased. This will be a particularly 
useful addition in situations where 
bulbs are rather difficult to replace. 

Due to the half-wave rectification of the 
mains voltage, the bulb will tend to 
'flicker'. However, the flicker effect is 
reduced once the bulb has warmed up a 


little and will probably not be notice- 
able. 

The best position for the diode is to 
mount it directly behind the switch and 
connect it in series with the neutral 
lead. The current rating of the diode 
depends on the power rating of the bulb 
used. Taking the switch-on current of a 
cold bulb into account, a 2 A diode will 
suffice for a 1 00 W bulb. 


2a 01 = 1 N4004. 1 N4005. 1 N4006. 1 N4007 



Figure 2a shows how the bulb can be 
switched between full and half bright- 
ness. The single pole switch from 
figure 1 has been replaced by a dual 
switch. Switch SI is used to turn the 
light on and off, while S2 is used to 
select the level of brightness. Figure 2b 
shows the method of wiring the two 
switches. Two of the connection ter- 
minals are marked 'P' (for phase) by the 
manufacturer. In the diagram these are 


indicated by PI and P2. The other 
terminal indications correspond to those 
in figure 2a. 



Note: the connection terminals of your 
dual switch may well not coincide 
with those given in figure 2b. It would 
be as well to check this with the aid of 
an ohmmeter before starting to con- 
struct the circuit. H 


open door reminder 

Doors are the most maligned of inani- 
mate objects. They take the blame for 
being open/shut at the wrong time and 
even for existing at all. While they are 
convenient for allowing the passage of 
people, pets, bread, milk and letters, the 
parallel input of fresh air is not always 
as acceptable, especially in the Winter 
months (the period between September 
and May!). Have you noticed that the 
colder it is, the harder the rest of the 
world tries to keep your front door 
open? 

The obvious answer would be to give 
your door a voice and let it tell you 
when it is open. That is exactly what 
the circuit described here is intended 
for. Admittedly, the vocabulary is fairly 
limited, but on the other hand, we have 
not used even one microprocessor. In 
fact the voice (and word) is down to 
personal choice between a bell or a 
buzzer, with an optional Klaxon for 
some households. 

However, on to the circuit shown in 
figure 1. Switch SI is operated by the 
door and will open when the door is 
opened. When this happens, capacitor 



C2 will charge via resistor R1 and will 
eventually cause the Schmitt trigger 
formed by transistors T1 and T2 to 
change state. At this point capacitor 
C3 will start to charge and there will 
be a further delay before transistor T3, 
and therefore the relay, will switch on. 
The relay contacts, S2, will of course' be 
used to switch the 'voice' on, the bell, 
the buzzer, etc. 

It is also possible to use the circuit for 
more than one door should the need 
arise. The drawing in figure 2 shows 
how two 'open door detectors' are 
connected in parallel. For each ad- 
ditional door to be covered, a further 



required. 

Switch SI can take many forms, but a 
magnet and reed relay would seem the 
most obvious choice. H 
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I water indicator is very high (which it will be in a dry 

environment), no base current will flow 
, This particular circuit emits a penetrat- and T1 will not conduct. In a humid 

ing 'howl' to report any form of un- environment, on the other hand, there 

desirable humidity, ranging from a will be less resistance, so that T1 will 

leaking washing machine, an over- start to conduct and will also cause 

flowing bath or kettle, etc. to a baby's transistors T2 and T3 to conduct. The 

wet nappy. latter now provides IC1 with supply 

Most readers will be familiar with the current. IC1 is an AF amplifier which 

straightforward principle behind the is connected as a multivibrator here, 

circuit. Since water is to a certain extent It starts to oscillate and produces a very 

conductive, humidity will reduce the clear warning signal with a frequency of 

resistance between two metal contacts, around 2 kHz, by way of the loud- 

In this circuit the two sensors form a speaker. Since the circuit hardly 

resistance between the base of transistor consumes any current at all, it can easily 

T1 and ground. Provided the resistance be powered from a small 9 V battery. 



safety switch 

for stereo equipment 

. . . switches off automatically 

Well over half the damage to homes 
through fire is caused by domestic 
equipment being left on for excessive 
periods of time. Stereo equipment is 
only one of the many items which are 
easily forgotten about. It is not unusual, 
after a hectic day (or night) to listen to 
a favourite record, tape or radio pro- 
gramme to gain a little relaxation. This 
works so well that as weary listeners 
drift off into oblivion the last thing 
likely to be on their minds is to turn off 
the stereo! Another point worth noting, 
but not half as important as the safety 
aspect, is the increase in the electricity 
bill. 

If the simple circuit described here is 
incorporated into the stereo equipment, 
or the television set for that matter, 
there will be no need to worry about 
these items being the cause for a rude, 
smoky awakening in the small hours. 
The circuit is designed to switch off the 
equipment after about 5 minutes of 
silence. 

The principle of operation is as follows: 
The auxiliary output signal from the 
amplifier is boosted considerably by 
opampsAI and A2 (by at least two 
volts). Preset potentiometer PI is used 
to adjust the gain between 47x and 
4700x. This provides a very wide 
sensitivity range, which is absolutely 
necessary as the equipment must not be 
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allowed to switch itself off when the 
volume of the music is low. 

Opamp A3 acts simply as a buffer 
amplifier, after which the input signal is 
rectified and smoothed by diode D1 and 
capacitor C6, respectively. Provided the 
voltage across capacitor C6 exceeds a 
certain value, the output of the Schmitt 
trigger, A4, will go high, transistor T1 
will conduct and the relay will be 
activated. If, however, the voltage 
across C6 drops below the threshold of 
the Schmitt trigger, the output of A4 
will go low and the relay will be deacti- 
vated. The stereo equipment is now 
switched off. 

The rate at which the voltage across C6 
drops is determined by the setting of 
preset potentiometer P2 and corresponds 
to the period of silence required before 
everything is turned off. This interval 
can be adjusted between roughly 1 and 


optical speed indicator 

A number of car manufacturers are now 
installing 'gear change' indicators into 
their latest models. The idea is that an 
LED lights as soon as you have to 
change gear. When you drive such a car 
as this for the first time, you will be 
surprised to discover that you are 'asked' 
to change gear a lot earlier than you 
would have thought necessary. The 
device is intended to save petrol, and 
therefore money, as the indicator is set 
to give the vehicle the most efficient 
fuel consumption. 

The circuit described here is a simple 
tachometer using a single LED as the 
speed indicator. After a preset number 
of revolutions have been reached the 


10 minutes. If necessary, the automatic 
switch can be bypassed by means of 
switch S2. 

Once the safety switch has been turned 
on, the relay contacts will have to be 
'shorted' by switch SI, as otherwise the 
circuit will not be provided with any 
supply voltage and the relay will not be 
activated! The supply voltage may be 
derived from either the tuner or the 
power amplifier (or the television, if 
practicable). A 12 V 1C voltage regulator 
may be added in this instance, if only 
high voltage levels are present inside the 
apparatus. The current consumption of 
the circuit is about 15 mA (at 12 V) 
when the relay is not operated. 

Finally, the relay voltage must corre- 
spond to the supply voltage. Further- 
more, the current rating of the relay 
should not exceed 100 mA, for TVs 
sake! M 


LED will light. As soon as you change 
into a higher gear the LED will go out, 
since then the number of revolutions 
drops below the threshold level. If you 
ignore the LED, for example if you are 
already driving in the highest gear, it 
will go out automatically when the 
number of revolutions is about 10% 
beyond the threshold level. Otherwise 
driving on the motorway could become 
very annoying with the distraction of a 
continuously burning LED. 

The input of the circuit is connected to 
the contact breaker points. A low pass 
filter comprised of R1 and Cl suppress 
the contact bounce of the points. A 
Schmitt trigger, constructed around 
opamp A1 (% LM 324) shapes the pulses 
derived from the points. The positive- 


going edges of the output pulses from 
the Schmitt trigger are fed to a mono- 
flop, constructed around A2. By inte- 
grating the monoflop output pulses by 
means of R10/C3 and R11/C4 a d.c. 
voltage corresponding to the pulse 
frequency (number of revolutions) is 
obtained. This is then fed to a window 
comparator, A3 and A4. The LED will 
only light when the number of revol- 
utions is within the preset 'window', for 
example between 3000 and 3300 revol- 
utions per minute. 

Calibration of the circuit is very simple 
and can be done 'on the road' provided 
it is not done by the driver. If, for 
example, you discover that you are 
supposed to change gear at 40 miles per 
hour, your passenger can adjust PI until 
the LED lights at this speed. 

Calibration can also be performed 'on 
the bench' with the aid of a signal 
generator, as long as the optimum 
number of revolutions is known. The 
formula for four-stroke engines is: 

, _ no. of revolutions x no. of cylinders 
120 

If the comparator window is not quite 
large enough for you requirements, 
another value for R13 can be selected 
(8k2 instead of 6k8, for example). The 
LED will then light for a longer period 
of time, which could benefit those of us 
who are relatively slow to change gears. 
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20°C + indicator 

Temperatures greater than 20 Cthrough- 
out the house are more than most people 
can afford nowadays. The trouble is, 
when it is snug and warm they are less 
inclined to notice that the heating is up 
too high (they literally get into a sweat 
thinking about the bill I ) than when it is 
a little chilly and their teeth start to 
chatter. Heating systems that do not 
include thermostat regulation can now 
be provided with an electronic 'excess 
temperature indicator'. As a result, 
money and energy can be saved without 
having to suffer severe discomfort. 

An optical temperature display, in the 
form of a thermometer for instance, has 
the disadvantage that it becomes 'part 
of the furniture' and therefore attracts 
little attention. An acoustic warning 
device, on the other hand, produces a 
high-pitched tone that will make inmates 
sit up and take action (or at least bark!). 
The circuit in figure 1 shows how this 
idea can be put into practice. The 
resistor R4 is a KTY 10 temperature 
sensor. The resistor has a positive 
temperature coefficient (PTC) and is 
included in a bridge circuit that is fed 
with a stabilised supply voltage of +5 V. 
IC1 is a 3130opamp and acts as a 
bridge amplifier. As long as the room 
temperature is below the threshold 
value set by means of PI (coarse adjust- 
ment) and P2 (fine adjustment) respect- 
ively, the output of IC1 will be zero 
volts. As soon as the room temperature 
exceeds this value, however, the voltage 
at the non-inverting input (pin 3) of the 
opamp will be higher than the voltage at 
the other input (pin 2), so that the 
output (pin 8) will go high. This ac- 
tivates the oscillator constructed around 
N1. Every minute, the oscillator gener- 
ates a single pulse that lasts about 



0.2 seconds. By way of the inverter N2, 
the pulse triggers the oscillator N3 
which then produces a warning signal. 
The tone signal has a frequency of 
about 5 kHz and drives the buzzer (a 
piezo-electric miniature loudspeaker) 
connected between the input and the 



output of the gate N4. Since the trans- 
ducer provides a clear tone at about 
4.6 kHz, P3 can be used to set both the 
frequency and the volume. 

The circuit is an energy-saver in every 
sense of the word, for it requires very 
little current. Since not more than 2 mA 
is consumed, the power supply can be 
very straightforward. It is best to in- 
clude this, together with the circuit, in a 
small case with an earth contact that is 
cast in it (see photo). The sensor should 
be mounted on the outside of the case, 
to prevent a wrong temperature indi- 
cation due to the transformer getting 
'overheated'. 

Before the circuit is calibrated, the 
points marked 'A' and 'B' in the circuit 
diagram are linked. PI is then adjusted 
until the buzzer 'squeaks'. P3 is then 
turned to select the desired volume. 

PI and P2 are preset for a room tem- 
perature corresponding to the required 
threshold value. At the right temperature 
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'tubes' and transistors 

Guitar sound systems rarely come into the limelight where electronics 
are concerned, but the musician with a lively interest in our hobby will 
wonder at what point in the technological progress line his equipment 
stands at. The answer is surprising since a large percentage of the 


amplifiers available do not live in todays technology at all, but very 
definitely yesterdays. 



How big a part does the progress of 
electronics play in todays stage sound 
equipment? It could be assumed that, 
with the current integrated circuit 
technology being what it is, stage 
equipment would be entirely solid state 
at a high level of sophistication. The 
obvious advantages of high performance, 
low operating temperatures and low 
weight, when related to valve amplifi- 
cation, would seem to make it a fore- 
gone conslusion that 'solid state' has 
completely ousted the poor old valve. 

The real facts are, however, quite the 
reverse. It would appear that in many 
cases it is the poor old transistor that is 
being pushed aside by the valve. While it 
is true that excellent solid state ampli- 
fiers are produced by companies like 
Carlsbro and H/H it is significant that 
eminently well known manufacturers 
such as Fender and Marshall still rely 
virtually entirely on the valve. How is it 
possible that such a situation could exist 
today with the prospects of digital 
audio just around the corner? For an 
answer to this we must look deeper than 
pure electronics. 

The trouble really started way back in 
the thirties with the blame resting 
squarely on the shoulders of people like 
Les Paul who, for a variety of reasons, 
were not content to just play the guitar, 
they wanted, of all things, to 'electrify' 
it. Les Paul went even further by 
inventing multi-track recording by util- 
ising such well known principles as a 
bathroom, a garage and a Cadillac 
flywheel, but that's another story. 

The electrified guitar, however, did have 
a very real place in music during the 
'thirties' and early 'forties'. The acoustic 
guitar was originally used as a rythm 
instrument but, as could be expected, 
many guitarists wanted to 'do their own 
thing' in a lead role. These musicians 
were continually frustrated by having to 
compete with other instruments having 
a much higher natural volume output. 
The electrified (or amplified as it was 
known) guitar was therefore greeted 
with much enthusiasm by guitarists who 
were hoping to get their own back on 
that pianist and his eighty eight notes! 

It was not long before the true electric 
guitar was born (with more than a little 
help from Leo Fender), an instrument 
that had a good sound and was rela- 
tively easy to play. So far, the electronic 
content of the instrument itself was 
minimal with only a crude passive tone 
control circuit. 


Amplification 

Amplification was another matter with 
design catching up very quickly with the 
technology of the time. However, power 
output in the early days was low by 
todays standards, 10 to 15 watts was 
common. Later, the advances in speaker 
design led to increased power outputs. 
Today, 100 watts is considered to be 
about average for the semi-professional 
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musician. 

The transistor began making an appear- 
ance on the scene towards the end of 
the 'sixties, admittedly delayed by the 
late arrival of high power devices. Very 
soon almost all manufacturers viewed 
solid state as the answer to all the 
problems that are hereditary to valves. 
The early 'seventies saw the decline in 
the popularity of valve amplifiers in 
preference to the reliable, low cost, 
easily transportable solid state types. 
The way ahead looked clear with all 
mat the rapidly expandanding 1C 
technology had to offer. Quite un- 


expectedly however, a rapid reversal 
took place with an increase in demand 
for valve equipment. Never mind the 
high specifications, never mind the all 
time low noise and distortion figures, 
valves were preferred and, to a large 
extent, still are. What went wrong? 

It's all in the ear! 

In one word — 'sound' was the cause of 
the problem. All the design abilities and 
the devices that technology had to offer 
did not seem to be able to give the 
misician that ellusive ingredient that he 
desired above all else - the valve sound. 


Exactly what the valve sound is forms 
the basis of a long-standing controversy 
that will probably end up in the mist of 
time as a musical legend! Justifiably, 
designers claim that their solid state 
amplifiers boast performance figures 
never before achieved in the history of 
stage sound equipment. On the other 
hand, musicians are not particularly 
interested in performance figures. They 
don't really care if a half empty bean 
can constitutes the 'secret ingredient' 
providing it produces the sound that 
they are looking for. 

So where are transistors now? To say 
that they are dead is totally untrue, for 
there are many extremely good solid 
state amplifiers available with very 
respectable power outputs. In fact, 
transistors form the basis of most, if not 
all, of the very high power amplifiers. 
Two notable examples shown here are 
from the excellent H/H and Carlsbro 
stables. There is also a ready acceptance 
of solid state for use in PA systems 
where colouration is not a desirable 
feature. The area where the transistor 
has really made strong headway is in the 
professional field of recording studios. 
Here the valve is virtually unknown and 
this is, of course, to be entirely ex- 
pected. 

Power 

Only one figure regarding specifications 
is really interesting to the working 
musician. This is the power output of 
the amplifier. In the early days, a small 
amplifier (by todays standards) with a 
10 watt output was all that was readily 
available to most musicians with an 
average income. Although Fender ampli- 
fiers were obtainable from America (at a 
price) it took the British company of 
Vox with their excellent AC 30 to 
supply what the guitarist really wanted. 
The AC 30 only had a rated output in 
the order of 30 watts but it could be 
overdriven to an alarming degree. It also 
had that other prerequisitie - its own 
distinctive sound, and a good one at 
that. A list of the groups who used Vox 
equipment reads like a who's of English 
and American pop music as a glance at 
figure 1 will show. The early Shadows 
recordings are probably the most well 
known instrumental examples of the 
Vox sound then used with Fender 
guitars). Even today, some guitarists still 
prefer to use the AC 30 but now nor- 
mally stacked up in banks of four or 

Some examples of contempory ampli- 
fiers can be seen in the photographs on 
these pages. By appearances alone it is 
very difficult to judge whether each is 
solid state or 'tubed'. 

Guitars 

A particular sound is not, of course, 
entirely a product of theamplifier alone. 
Many factors contribute, including the 
guitar (and the strings used). When a 
guitarist is lucky enough to achieve his 
own unique sound (almost always after 




secret. It is sufficient to say 
nging any element in the chain 
will change the sound. 

Once again however, whether it is a 
Gibson, Fender, Richenbacker or an- 
other of the well known guitars, pure 
electronics plays virtually no part at all. 
With the possible exception of pickup 
development, the tone circuits of the 
guitar have not changed significantly 


todays instrument. 

Effects units 

No self-respecting guitarist travels 
without his armoury of pedals and 
things. These contribute to his music in 
much the same way that a recipe does 
to a menu. Fuzz units, waa-waa pedals, 
high boosters and many others, too 


So, after ail this, why doesn't Elektor go 
ahead and design a valve amplifier? A 
reasonable question but the fact exists 
that a valve amplifier is just not a 
practical proposition for the home 
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Photo 4. Two well known 'combos'. Both are 
valved. 


constructor. The costs involved for the 
hobbyist would be out of all proportion 
to the results gained when compared to 
a transistor design. Further to this, the 
design of a very versatile preamp is 
relatively simple when transistors are 
used. If a fuzz unit is also incorporated 
in the pre-amp, the overall sound will 
then approach that of a valve amplifier. 

Ouput stages 

The output section of a stage amplifier 
provides little or no headache, to a 
certain extent, for the home constructor. 
In principle, virtually any output stage 
is suitable and Elektor has published a 
fair share of suitable power amplifier 
designs in the past. However, it is 
advisable to protect the input of the 
power amplifier by means of two zener 
diodes mounted 'back-to-back' and a 
resistor. 

In practice, the heatsink for a domestic 
power amplifier tends to be too small to 
cope with full power for long periods. It 
is best to cover the whole rear wall of 
the case with a heatsink as this not only 
solves all heat problems, but also helps 
the mechanical stability of the finished 

Power supplies do not need to meet any 
particularly high standard. In general, 
stabilised power supplies tend to produce 
too low a voltage at full load. An 
unstabilised supply with a generous 
mains transformer, rectifier and large 
smoothing capacitor is far superior for 
this application. In fact, the larger the 


smoothing capacitor, the better. When 
the smoothing capacitors in the 
Elektornado power supply were changed 
to 2 x 30,000 pF in stead of 2 x 5,000pF 
the difference was clearly noticeable. 
Fuse failure indicators are also a very 
useful 'extra', both in power supplies 
and in the positive and negative supply 
lines to the power amplifier. Ordinary 
LEDs can be used to indicate the failure 
if placed next to the fuse. This also 
saves problems when checking the 
various fuse holders in the dark when a 
great shuddering silence has descended 
in the middle of a performance. 

Preamplifiers 

Preamplifiers vary according to the 
particular application. Figure 2 shows a 
low noise preamplifier similar in design 
to commercial units. It has two separate 
channels, each one with two inputs of 


different sensitivity. The first channel 
(input I ) includes an active triple tone 
control followed by an FET switch for 
the reverberation unit. The latter can be 
activated either by using a foot switch 
or the front panel mounted toggle 
switch. The driver for the reverb line 
consists of a small audio power amplifier 
1C with switch both ordinary spring-line 
and electronic reverb units can be used. 
The 22 k preset potentiometer controls 
the volume of the reverb signal and the 
depth of reverb is determined by the 
10 k potentiometer. 

The second amplifier channel (input II) 
offers many more tone control possi- 
bilities. Three variable band pass filters 
follow a bass/treble control circuit 
having the usual frequency character- 
istics. Again, this channel contains a 
reverberation driver which can be 
switched in either by foot or by hand. 


The following is a list of the sound 
equipment used on stage by The Who 
during their recent tour. Since a spare is 
required for virtually everything, the 
total amount of equipment carried is 
double this quantity. 


: 2 x Hi-Watt 100 W 
amplifiers 

4 x Hi-Watt 4x12 cabi- 


1 x MXR compressor 
Schekter guitars 

: 4 x Sunn Coliseum 
200 W slave amplifiers 

2 x Stramp pre-amps 
1 x Alembic input 
module 

3 x Sunn 4 x 12 cabi- 

3 x Mega-whystle 
1 x 18 cabinet 
Alembic Custom bass 
guitars 


On stage monitors 

Custom Midas monitor desk ( 24 channels 
- 8 outputs) 

4 x 4560 bins 

3 way 2 x 2440 mid horns 

front fills 2 x 2448 high horns 
2x Martin 1 x 15 bins 
3 way 2 x Martin 2 x 12 mid 

back fills range units 

2 x Gauss HF 4000 
2 way floor 6 x floor wedges 
monitors 2 x Harwell floor wedges 
2 x 4560 bins 

drum 2 x 2480 lens 

monitors 2x 2440 horns 

2 x Dynachord echo units 
2 x Korg echo units 
1 x MXR phaser 
1 x MXR D.D.L 

backing 2 x Scully 4 track tape 

machines 

tapes 1 x Koss headphones 

Shure microphones 

All above powered by 17 Crown DC 
300 A amplifiers 


1 



is — The Who’s 'tranny'. 
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controls when the volume is turned up 
high. However, passive tone controls 
such as those in the preamplifier circuit 
of figure 3 tend to perform very well on 
the stage, but it is very useful to include 
a parametric equaliser in at least one 
channel. 

When using effects units it is advisable 
to incorporate a band pass filter with a 
slope of 18dB/octave. This can be 
composed of filters like those described 
in the 1978 Summer Circuits issue 
(circuit number 48). The roll-off fre- 
quencies should be around 70 Hz and 
10 kHz. Such filters reduce the noise 
caused by effect devices connected to 
amplifiers and the ‘clicks' from foot 
switches etc. are made less audible. If 
the result is still not considered satis- 
factory, a second filter may be connected 
before the input of the output stage. 
Since the lowest guitar frequency is 
about 84 Hz, it will not be affected 
when passing through these filters. (It 
has been known for a loudspeaker to be 
totally destroyed when the guitar was 
plugged in to an amplifier which had 
both volume and bass controls turned 
up high. This is due to mains pick-up 
and will be avoided by including filters). 
A mixer unit (Elektor January 1981) in 
front of the power amplifier makes it 
possible to connect further devices such 
as an 8 channel equaliser (Elektor 
January 1978) or an echo unit. 

Accessories 

In the first place a fuzz unit for lead 




Figure 4. This fuzz circuit is designed for lead guitarists. The actual fuzz section follows a steep low pass filter which makes the instrument sound 
a lot more pleasing to the ear. 



:o 5. The latest in the range of sc 


[e P.A. amplifiers from H.H. 


Input II also contains a fuzz circuit. The 
FETs at the input and output of the 
distortion circuitry prevent any change 
in volume level when the fuzz unit is 
switched in. The level of the distorted 
signal is determined by the setting of 
the 10k preset potentiometer in the 
feedback loop of A10. The 100 k (fuzz) 
potentiometer enables any degree of 
distorted/undistorted signal to be 
obtained. When the fuzz unit is not 
being used, the potentiometer has no 


effect on the volume of the second 
channel. The output of the preamplifier 
constitutes an adder which sums the 
signals from channel I, channel II, the 
reverb unit(s) and the fuzz circuit. It 
also contains a potentiometer to control 
the overall output level-'master volume’. 
The advantages of an active tone control 
are especially noticeable where low 
volumes are concerned (for example, 
when practising). A good bass sound 
will only be realised from passive tone 



guitars is shown in figure 4. This is only adjusted for the rhythm guitar, the clipped. This circuit enables subtle 
used for solos. The 'clipper' is a low pass undistorted signal sounds very 'thin'. In distortion to be obtained to give chords 
filter with a cut-off frequency of 7 kHz addition, when the gain of the amplifier the required drive without distorting 
and a slope of 16dB/octave. FETsare is turned up a guitar chord will sound them beyond recognition. If the two 
used to switch the circuit from distorted 'diffuse' and a single note will be much fuzz units are combined, the guitar will 
to undistorted and vice versa. The louder. Reducing the output of the no longer sound so thin and dry when 
current consumption of the entire guitar does not make any appreciable switched from lead to rhythm. It should 
circuit is very low compared to other difference, therefore it is better to use a not be too difficult to obtain preset 
units on the market — a 9 V mallory separate fuzz unit for rhythm work levels either by ear or with the aid of an 
battery will virtually last for months. which sounds much softer and more oscilloscope. 

A filter is incorporated to produce a harmonious. A combination lead/rhythm fuzz unit is 

distorted sound without peaks, as The unit shown in figure 5 is a variation shown in figure 6. In this unswitched 
otherwise the guitar will sound very of the more usual FET circuit contain- unit the effect increases as the gain 
harsh. Provided a quality guitar is used, ing an impedance converter for the control potentiometer is turned up. It is 
a different sound may be obtained by bypass switch. Again, current consump- similar in operation to a valve amplifier: 
changing the cut-off frequency. A tion is down to a minimum, about at low volume the amplifier sounds 
rhythm fuzz unit is shown in figure 5. 1 ...2mA, therefore the circuit can clean and dry, at higher volumes the 

This circuit is based on the following quite easily be powered by batteries, distortion level also increases. Following 
considerations: Many commercial foot operated units the fuzz stage is a master volume poten- 

When a fuzz unit is switched on and need a battery change every 10 hours! tiometer, which is a good idea if a little 
adjusted so that it 'sounds good' for the The fuzz unit is designed so that no haphazard in operation. M 

lead guitar, it will not be suitable for $quarewave signals are produced - the 
playing rhythm. If the unit is then sinewave signal is easily 'upset', but not 
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NIBL 1200 GT 


W. Taphoorn 


The NIBL interpreter is one of the few 
that do not utilise a UART for the serial 
transfer of data into and out of the 
computer. Instead, the data is trans- 
mitted and received in serial form 
directly by the microprocessor. For this 
purpose, flag 0 is used as the output and 
sense B is used as the input. Conversion 
from serial data to parallel data, and 
vice versa, is accomplished with the aid 
of two subroutines contained in the 
interpreter program. For these reasons, 
together with the fact that NIBL is 
(normally) held in ROM, it is very 
difficult — if not impossible — for the 
operator to alter the speed of trans- 
mission. However, it can be done! 

NIBL operates as follows: 

During transmission a start bit is added 
to the data word to be transmitted. The 
term 'start bit' rightly implies that this 
bit is transmitted first (via flag 0), the 


bits in the data word will follow. 
Finally, two stop bits complete the 
procedure. Transmission is performed 
by copying the various bits into flag 0 in 
the status register at regular intervals. 
This effectively determines the trans- 
mission speed (or baud rate). 

The sense B input is continually tested 
to check whether or not serial data is to 
be received. As soon as a start bit is 
detected, the data is transferred to the 
accumulator. Again, the speed at which 
the data is received is determined by the 
NIBL ROM. 

The transmission speed is dependent on 
two factors: 

The time required to process the relevant 
instructions in the program. 

The delay instructions pertaining to the 
input and output routines belonging to 
NIBL. 

In practice this means that the trans- 


NIBL 1200 GT 


faster BASIC 


Readers who have constructed the BASIC microcomputer (Elektor May 1979, page 5-34) and who are not 
completely satisfied with the low printing speed - this article is for you. It describes an 'add-on' circuit 
which will enable transmission speeds of up to 1200 baud. The BASIC microcomputer itself needs no 
modification, the only requirement is that the address decoder (IC9) has to be moved to the add-on circuit. 


1 



Figure 1. The circuit diagram of the NIBL 1200 GT add-on unit. IC1 is the address decoder 
formerly situated on the BASIC microcomputer board. 
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mission speed can be modified by 
altering the effective length of the delay 
instructions - there are five that we are 
interested in. As these instructions are 
contained in ROM it is not easy to alter 
them. An alternative method must be 
found. 

National Semiconductor have been kind 
enough to locate the input/output 
routines in the 'top end' of memory. 
This means that if this section of 
memory is disabled at the correct time 
it can be replaced by a new (modified) 
section which can be stored in EPROM. 
The only concern now is to 'fool' the 
microprocessor into thinking that it is 
addressing the NIBL ROM when in fact 
the EPROM is being accessed. Only then 
will the NIBL interpreter operate at a 
different speed. 

The nine changes to the five delay 
instructions are listed in table 1 . The 
values shown in the 110 baud column 
should be the same as those presently 
stored in the NIBL ROM. The speed 
chosen is dependent on the peripheral 
device being used. For instance, the 
maximum speed of the Elekterminal is 
1200 baud, but the maximum speed of 
a printer could be a lot less! 


Circuit diagram 

As mentioned previously, the address 
decoder (IC9) is removed from the 
BASIC microcomputer board and is 
now used to address the memory range 
0000 . . . 0DFF. This address range is 
still used to access the NIBL ROM. 
A second address decoder, IC2, is 
used to enable the address range 
0E00...0FFF, which is where the 
input/output routines were originally 
located. Now, however, these routines 
are relocated in the EPROM, IC3. The 
device shown is a 5204 type, which 
many readers may already possess, 
especially those who are no longer using 
ELBUG. Any other 512 x 8 bit EPROM 
can be used however, depending on 
availability and 'programmability'. 

With switch S3 in position '1 10' the 
NIBL ROM, and its slow input/output 
routines, will be selected. On the other 
hand, with S3 in position '1200', the 
new EPROM will be selected and the 
transmission speed will depend on the 
data stored at the various locations 
listed in table 1 . 

The NIBL ROM is effectively disabled 
by placing IC11 on the BASIC card in 
the tri-state position. Simultaneously, 
IC4 in the add-on circuit is enabled, 
thereby allowing the new input/output 
routines to be accessed. 

Note: the MM 5204Q EPROM has a 
relatively slow access time as far as the 
later version of the SC/MP micro- 
processor (INS 8060) is concerned. For 
correct operation the 'slow memory 
access' circuit published in the March 
1980 issue of Elektor should be incor- 
porated. M 



single Hum n< ‘I 
infr a-red 
remote control 


Single channel infra-red remote 
control systems are often used in 
modelling and for simple circuits 
in and around the home. The basic 
requirements for such a 
transmitter/receiver system are: 
an uncomplicated circuit which 
does not use special components 
and coils; easy construction using 
a minimum number of com- 
ponents; screening against ambient 
light; sufficient range (with or 
without a focusing lens); low 
current drain. All the above can be 
accomplished by using the circuit 
described here. 


Transmitter 

The circuit diagram of the transmitter 
section of the remote control unit is 
shown in figure 1 . An astable multivi- 
brator constructed around two CMOS 
gates. N3 and N4, oscillates at a fre- 
quency of approximately 20 kHz, as 
long as the output of N2 is high (logic 
one). This situation occurs when switch 
SI is depressed - the input of N1 goes 
high therefore the output of N1 goes 
low taking the output of N2 high. After 
a set period of time (1 ms), determined 
by the values of R1 and Cl, capacitor 
Cl discharges through R1 taking the 
input of N1, and the output of N2, low. 
This inhibits the oscillator. Capacitor C2 
serves to suppress interference caused 
by contact bounce. 

The Darlington output stage, T1/T2, is 


driven by the oscillator while the latter 
is enabled. These transistors in turn 
deliver peak currents of up to 1 A to the 
infra-red diodes, D1 . . . D3, via capacitor 
C4. The circuit is designed in such a way 
that a single battery (with a capacity of 
200 mAh) will provide upwards of a 
million operations (transmissions). The 
quiescent current consumption of the 
transmitter section is a mere 300 nA! 

If required, the Darlington output stage, 
T1/T2, can be replaced by a single 
BD 875 transistor. If only one infra-red 
LED is used, with a focusing lens, a 
resistor with a value of 2 S2 should be 
connected in series with it. 

Receiver 

The circuit diagram of the receiver 
section of the infra-red remote control 
system is shown in figure 2. Radiations 


operating voltage 9 V 

(single) pulse duration 1ms 

carrier frequency 20 kHz 


operating voltage 9 V 

operating current (without LEDs) 2 mA 
gain 80 dB 

range (in line, without focusing 
lens) 15 m 

range (with focusing lens. 

25 mm dial 40 m 



Figure 1 . The circuit diagram of the infra-red transmitter. 
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Figure 2. The circuit diagram of the single channel infra-red receiver. 
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frequency 

multiplier 

low frequency module for counters 

The circuit described here allows low frequencies (below 2 kHz) to be 
measured accurately on a 'normal' frequency counter. With so-called 
'universal' counters the problem of measuring low frequencies is usually 
solved by measuring the period of the signal. This then involves a little 
simple arithmetic. In order to be able to read off the frequency 
directly, the signal has to be multiplied by a certain factor until it is 
within the range of the measuring instrument. 


from the transmitter are detected by the 
infra-red photo diode, D1. The cathode 
connection of this device (BP 104) is 
marked either by a blue dot or by a 
little 'bump'. The photo diode is biassed 
by means of resistor R1, the value of 
which has been chosen such that oper- 
ation of the diode is 'favourable' under 
normal (ambient) lighting conditions. 
The following amplifier stages, con- 
structed around transistors T1/T2 and 
T3/T4, amplify the input signal by a 
factor of 80 dB (= 10,000 times). Nega- 
tive feedback is supplied via resistor R8. 
The amplified output signal appears at 
the collector of T4 and is rectified by 
diodes 02 and D3. 

Every input pulse (20 kHz) causes an 
increase in charge across capacitor C6. 
The rate of charge is dependent on the 
relationship between capacitors C5 and 
C6 as well as the amplitude of the 
output signal. Transistor T5 will conduct 
as soon as the voltage across C6 reaches 
the threshold voltage of this transistor. 
A positive going trigger pulse will then 
appear at the collector of T5. The 
rectifier circuit, consisting of C5, C6, 
02, 03 and R10, is designed to reduce 
spurious switching operations caused by 
interference pulses to a minimum. 

The series of gates, N1 . . . N4, serve to 
shape the leading edge of the output 
pulse from T5. This provides a 'pure' 
trigger pulse for the following flipflop, 
FF1. In the quiescent state the 'Q' 
output of this flipflop is low (logic zero). 
When a trigger pulse is received the 'Q' 
output goes high (logic one). At the 
same time, capacitor C9 is charged via 
resistor R13. This means that after 
about 3ms FF1 is reset— the 'Q' 
output of FF1 will go low. The nega- 
tive going edge of this pulse is used to 
clock flipflop FF2. Therefore, the out- 
puts of FF2 change state after a fixed 
number of input pulses have been 
received. The 'Q' and '0' outputs of 
FF2 are buffered by gates N5 and N6. 
These gates also act as drivers for the 
two LEDs D4 and D5 which serve to 
indicate the present condition of the 
outputs. It is advisable, therefore, to 
use different coloured LEDs for this 
purpose to avoid confusion. 

If required, the receiver can be used to 
operate two relays via the A1 and A2 
outputs as shown in figure 2. 

The quiescent current consumption of 
the receiver section is in the order of 
2 mA. Therefore, it is advisable to 
power the receiver from a stabilised 
supply rather than from a battery 
supply. 

A final remark about interference. 
It may prove necessary in some in- 
stances to screen the receiver diode 
from ambient light to avoid spurious 
switching. If the problem still occurs 
a 10 ... 22 pF capacitor can be 
connected in parallel with resistor R8 
and as a final resort the value of R10 
can be reduced. This latter, however, 
will also reduce the effective range of 
the unit. M 


The hand-held LCD frequency counter 
described in the November 1981 issue 
of Elektor and the 150 MHz counter 
described elsewhere in this issue both 
suffer from one slight drawback. They 
are unable to accurately measure 
signals with frequencies below 2 kHz. 
As there is no provision for measuring 
the period of a given signal on the 
FM77T module, an alternative method 
had to be found. The most obvious 
solution was to design a frequency 
multiplier which would increase the 
frequency of the incoming signal by a 


factor of a thousand. This was ac- 
complished quite simply and as a bonus, 
the resolution of the frequency counter 
increased from 100 Hz to 0.1 Hz. 

The end result is that if a signal with a 
frequency of 100 Hz is fed to the LCD 
frequency counter via the multiplier 
module, the counter will indicate a 
reading of 0.1 kHz. This value (0.1) 
multiplied by 1000 equals 100, which 
just happens to be the frequency of the 
input signal. Since the 'kHz' legend is 
not really required here it can be 
disconnected. 
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Figure 1 . The block diagram of the frequency multiplier shows that the essential part of the 
circuit is a PLL (phase-locked loop). 
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Frequency synthesis 

In modern parlance, a frequency multi- ! 
plier is very often called a frequency 
synthesiser. The block diagram of a 
frequency synthesiser, the most import- 
ant part of which is a phase-locked loop 
(PLL), is shown in figure 1. First of all, 
the incoming signal is converted into a 
'true' squarewave. The actual frequency 
multiplier consists of a phase com- 
parator, a low pass filter, a voltage 
controlled oscillator (VCO) and a 
frequency divider. All these components 
are contained in the PLL section. 

The principle of operation should be 
fairly straightforward to understand. 
The phase comparator, as its name 
suggests, compares the frequency of the 
input signal, f|, with the output fre- 
quency of the divider, f 2 . The low pass 
filter connected to the output of the 
phase comparator removes all unwanted 
harmonics and supplies a d.c. signal to 
the input of the VCO. The voltage level 
of this control signal is determined by 
the phase difference between the two 
signals fed to the comparator inputs. 

For the phase-locked loop to remain 
'locked' the frequency of the VCO, 
f 3 , has to be exactly two thousand 
times greater than the input frequency, 
f,. This is because the VCO output 
signal is divided by 2000 before being 
fed back to the phase comparator 
(f 2 = f 3/2OOO) . This should be suf- 
ficient theory about the operation of 
the PLL, so let us return to the block 
diagram. 

The two divide-by-two stages are quite 
simply flipflops, as many readers may 
have already discovered. The flipflop 
directly in front of the phase com- 
parator ensures that the frequency of 
the incoming signal has a duty cycle of 
exactly 50%. This is done because it is 
necessary to provide the phase com- 
parator with an absolutely 'pure' signal 
in order to maximise the lock range. 
The effects of this flipflop are neutral- 
ised by a second flipflop which is 
situated after the divide-by-thousand 
section. Consequently, the frequency of 
the output signal, f 3 , is exactly 1000 
times greater than that applied to the 
input of the pulse shaper circuitry. 

The circuit 

The circuit diagram of the frequency 
synthesiser/multiplier isgiven in figure 2. 
The input stage, up to and including the 
output of inverter N3, is identical to 
that of the LCD frequency counter 
(November 19811 and the 150MFIz 
frequency counter (elsewhere in this 
issue), so there is no real need to de- 
scribe it all again. The squarewave 
output of the input amplifier is fed to 
flipflop FF1 via inverter N4. This 
ensures that the signal presented to the 
first input of the phase comparator has 
a duty cycle of exactly 50%. The phase 
comparator section of the PLL is in- 
dicated as y>1 in the circuit diagram. The 
second input to the comparator is 








Resistors: 

R2 = 1 M 
R3.R6 3 470 H 
R4 - 220 n 
R5- 2k 2 
R7.R12 * 4k7 
R8 3 18 k 
R9 = 330 n 
RIO = 100k 


Capacitors: 

Cl 3 lOOn 
C2 3 1 00 p/6 V 
C3- 1 0 m/ 6 V 
C4 3 22 p 
C5.C6 3 10 m/16 V 


Semiconductors: 
01.D2- 1N4148 
03 3 red LED 
T1 3 BF 256A 
T2 3 BF 494 
*3 3 BC 557 A 
IC1 3 74LS04 
1C2 3 4013 
IC3 - 4046 
IC4.IC5 3 4518 
IC6 3 78L05 


derived from the VCO frequency, which 
is first divided by 2000 via IC4, IC5and 
FF2. The output of the phase compara- 
tor is fed to the input of the VCO via 
the low pass filter consisting of resistors 
RIO, R11 and capacitor C3. The values 
of these components are such that the 
PLL will only respond to signal fre- 
quencies greater than about 18 Hz, The 
fundamental frequency of the VCO is 
determined by capacitor C4 and resistor 
R12. 

The only item left to mention, to 
complete the description of the circuit 
diagram, is the connection to pin 1 of 
IC3. This output is high all the time 
that the PLL is 'locked' and can there- 
fore be used to provide a 'not locked' 
indication. This is accomplished by 
means of transistor T3 and LED D3. 
When the VCO output frequency is 
exactly one thousand times greater than 
the input frequency, the output at pin 1 
of IC3 will be high, transistor T3 will 
be turned off and so the LED will not 
light. When the PLL is not locked on to 
the incoming signal, T3 will turn on and 
the LED will light. 

The current consumption of the entire 
circuit is very low, since it consists 
mainly of CMOS ICs. The supply 
voltage is stabilised via the voltage 
regulator IC6. Power can be derived 
either from a 9 V battery (PP3) or from 
the frequency counter used with the 
multiplier module. 


Construction 

The printed circuit board and compo- 
nent overlay for the multiplier module 
is shown in figure 3. All the components 
shown in the circuit diagram can be 
mounted on this board. The length of 
the various connecting leads should be 
kept as short as possible, especially if 
the unit is to be installed inside an 
existing frequency counter. In this 
instance, a switch can be used to select 
between 'normal' operation and the 
multiplier. 

Two final remarks about the circuit: 
Depending on the frequency being 
measured, it can take up to ten seconds 
for LED D3 to go out! 

Although the frequency multiplier was 
designed specifically for the two LCD 
frequency counters mentioned earlier, 
it can of course be used with other 
frequency counters as well. H 


Literature 

Data sheet CD 4046B, COS/MOS Micro- 
power Phase-Locked Loop, RCA. 

D. Lancaster, The CMOS Cookery Book. 
R. Best, Theory and Applications of the 
Phase-Locked Loop. 
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LCDs 


In May 1980 Elektor published an Rotating the colour molecules has a 
extensive article on liquid crystal dis- special optical effect, making the new 
plays and the 'twisted nematic' principle displays look extra colourful and bright, 
upon which most types are based. This is illustrated in figure 2. When the 
Figure 1 shows the basic construction colour molecules are aligned so that 
of a 'normal' black and white LCD. they are parallel to the display surface 
A layer of liquid crystal is situated (figure 2a), they absorb light entering 
between two glass plates. The layer con- the display. The display then takes on 
sists of a crystalline molecular structure the colour of the dye. By connecting 
which changes under the influence of an alternating current to the segment 
an electric field. Depending on the electrodes, the colour molecules are re- 
direction in which the molecules are aligned together with the liquid crystal 
organised, the liquid crystal layer molecules (see figure 2b) so that they 
becomes either transparent or reflec- are at right angles to the display surface, 
tive. In this position they are unable to 

In combination with the externally absorb any light which therefore passes 
adhesive polarisation filters, 'capsizing' straight through the LCD. Since the 
the molecules between the triggered energised segments are now transparent, 
electrodes causes a change in the trans- the characters displayed take on the 
parency of the corresponding segments, colour of the background, white, for 
As a result, the segments change from instance. 

'light' to 'dark' and vice versa. 


colour LCDs 

bright and colourful from every point of view 


No filters 

So far polarisation filters have not been 
mentioned with regard to the new dis- 
plays, and for a very good reason: they 
are no longer required. This is because 
the displays maintain the same reflec- 
tive/transparent contrast in normal, 
non-polarised light. 

Leaving out the filters has further 
interesting advantages. Polarizers tend to 
absorb light, are liable to get scratched 
and fade as a result of temperature 
changes and humidity. Colour LCDs, 
on the other hand, can be read from 
every possible angle, even if Polaroid 
sunglasses are worn. Without the 
polarizers, the LCDs are brighter, 
scratch resistant and less sensitive to 
humidity. What is more, the bright 
colours offer manufacturers a great 
many attractive possibilities. 


Black and white LCDs afford a sharp enough contrast, but only from 
certain angles. Very often, all that meets the eye is a grey, nondescript 
surface. Thanks to a new development in liquid crystal technology, 
not only this problem has been solved, but the displays are now also 
available in a variety of bright colours. It seems that 'black upon grey' 
LCDs are likely to become obsolete in the not-too-distant future. 


The colours rotate as well 

The secret behind the new colour LCDs 
is very straightforward: the molecules, 
belonging to a special dye which is : 
added to the liquid crystal layer, rotate 
as well. Since the alignment of the 
colour molecules is not affected by 
an electric field, the liquid crystal 
molecules act as a driving motor. This 
is known as the 'Guest — Host' principle, 
the 'guest' being the colour molecule 
which is driven to rotate by its liquid 
crystal "host' molecule. 


Bring colour to technology 

Japanese manufacturers plan to go 
even further. By literally turning the 
'twisted nematic' principle, and the 
colour molecules, upside down, the dis- 
play ends up being transparent in an 
unenergised state and takes on the dye 
colour in an energised condition instead. 
This allows several different displays to 
be mounted one on top of the other, 
thus forming a 'multi-layer display'. The 
result is a single display unit which can 
serve a number of purposes at the same 
time. In a cassette-recorder, for instance, 
a single display can act as a VU meter, 
a clock and a tape counter and simply 
switch from one function to another. 
Such displays could also be included 
in measurement devices to indicate both 
analogue (in the form of a Bargraph) 
and digital values. 

As far as the production of colour LCD 
displays is concerned, the Japanese are 
well ahead of the rest of the world. The 
displays are already being manufactured 
by a number of Japanese companies, 
whereas we know of only one manufac- 
turer producing them in Europe so far. 




igure 1. Basic construction of a 'normal' black and white liquid crystal display that it basad 01 
!« 'twisted nematic' principle. The liquid crystal layar it hermatically enclosed between two 
ass plates containing transparent, conductive elelctrodes. The direction of the molecules 
langes under the influence of an electric f iald. In combination with the external polarisation 
Iters, 'capsizing' the molecules between the triggered electrodes causes a change in the 
ansparency of the corresponding segment. 


/A / 



Colour has its problems too 

Unfortunately, colour LCDs have cer- 
tain disadvantages. Their 'light/dark' 
contrast is not as good as that of an 
ordinary LCD, although their readability 
and brightness amply compensate for 
this. In addition, some types of 'Guest- 
Host' LCDs require an operational volt- 
age of at least 5 V, which is rather a lot. 
Generally speaking, however, the oper- 
ational voltage is more likely to be 
about 3 V. 

Another snag is that colour displays 
switch at a much slower rate than their 
black and white counterparts, and for 
this reason they cannot be multiplexed 
as yet. Their lifespan and temperature 
range is about the same as that of 
'normal' LCDs, but temperatures below 
-10° still cause problems. 

Once they are widely available, colour 
LCDs shouldn't cost much more than 
the black and white type. The trouble 
is, only very few samples can be ob- 
tained in Europe at the moment and it 
is difficult to estimate how long it will 
be before this situation improves. While 
European firms are obviously still biding 
their time, the new technology has been 
greeted with enthusiasm in the U.S.A. 
and Japan. The next generation of HiFi 
equipment produced in the 'land of the 
rising sun' is quite likely to be fitted 
with all sorts of colourful 'Guest-Host' 
displays. M 




talking board 

(Elektor 80, December 1981) 

The address given for the word 'sever 
EPROM 2 was incorrectly given as ( 
should be 086A. 


'chopper' front end for power supplies 
(Elektor 75/76, Summer Circuits 1981) 
The circuit starts to ’falter' at output voltages 
below 3 V (the output voltage may disappear 
altogether for a while). If the 741 is replaced 
by a 3140, however, the operation will be 


ic construction of a colour LCD using the 'Guest -Host' principle. Molecules of to 
are added to the liquid crystal layer. These are rotated by the liquid crystal 
an unenergised state (figure 2a) the colour molecules are parallel to the display 
at the display takes on the colour of the dye. In an energised state (figure 2b) the 
ules are aligned vertically. In this position they are unable to absorb light, as a 
:h the energised segments become transparent. They now take on the colour of the 
igainst which the display is held. No polarisation filters are needed. 


digital keyboard 

(Elektor 75/76, Summer Circuits 1981) 
The connections shown as pin4 in both IC5 
and IC6 is incorrect. It should read pin 2. 

teletext decoder (2) 

(Elektor 79, November 1981) 

The miscellaneous section of the parts list for 
the decoder board failed to mention that 




20 MHz Oscilloscope 

The Hitachi V-202 is a low cost dual trace 
oscilloscope with a fully dynamic range band- 
width of 20 MHz. 

Both vertical channels have a maximum 
sensitivity of ImV/division and fully variable 
controls allow any intermediate sensitivity 
between attenuator steps. The one-touch 
channel selector enables the two channels 
to be added or subtracted if desired. 


important feature of the VF power relay P anel IS 

i ole mounting flange, it occupies a panel operate tf 
a of less than 2 VS sq. in. The relay is fully b V screw 
:losed in a moulded plastic casing, and or appara 
>vides extensive internal and external iso- areavailat 


place, the pushbutton plunger 
> shafts on the contact block to 
witch. The contact block is fixed 



Diamond H Controls Ltd.. 

Vulcan Road North, 

Norwich NR6 6AH, 

Telephone: Norwich 106031 45291/9. 

Telex: 975163. 

(2173 M) 
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New tri-colour LED 

— Recently introduced by ZAERIX Electronics 
Ltd. is a new tri-colour device type L59 HGW 
which is capable of producing red, green or 
The vertical deflection system provides sweep yellow illumination, 
speeds up to 20 nsec/div with a one-touch 
XI 0 magnifier, and the comprehensive trig- 
gering system has bright line auto mode and 
an active sync separator for video signals. 

The 5'/," rectangular CRT has an internal _ 

(parallax free! graticule with variable scale 

eliminates the need to reset the focus control I I 

when changing the brightness. 

Office Suite 1 , Coach Mews. >\L I 

The Broadway, St. Ives. f M | 

Huntingdon. Cambs, 

PE17 4BN England. VLl \ 1 \ I I 

Tel: ( 0480 1 63570 . /H \ l \ | 


High power miniature relay 

Diamond H announce the availability of a 


Mounting of the pushbutton unit 
a 22.5 mm panel hole and with 
plastic fixing ring. The button can 

Various colours are available. Fror 
protection can be up to IP66. Tht 
stroke is 7 mm. 

PO Box 79. 

Oak field Road, 

London SE20 8EW. 

Tel: 01-659 2424. 


Miniature helical filters 

TOKO'S new 7HW series of miniature UHF 
helical filters now incorporate a brass tuning 
element for improved 'Q', reduced insertion 
loss and broader usable tuning range. 

The low insertion loss (better than 4 dB) of 
the 7HW is suited for use in all types of 
UHF receiver, although the small size makes it 
a prime contender for portable and paging 
equipment. 

The range covers 380-500 MHz, and a 
specific example (252MN1111A) provides 
5 MHz bandwidth, centred on 432 MHz 
(nom) although tunable across 400-470 MHz 
with only marginal increased insertion losses 
at the band edges (approx 1 dB extra loss). 
Selectivity at +/- 30 MHz is better than 






Versatile terminal housings 

This new series of computer terminal housings 
has been designed to meet the requirements 
of data processing equipment manufacturers, 
with special emphasis placed on external 

Manufactured in West Germany by Bopla, 
these housings are injection moulded in struc- 
tural foam plastic, and have inter-changeable 
front mouldings giving complete versatility 
to suit individual requirements. 

Available options include apertures for a 
12" screen or anodised aluminium panels for 
mounting floppy disc drives, whilst some 
models have plain front mouldings and are 
ideally suitable for power supplies or hard 
disc drives. All cases can be positioned side 
by side. 


Overhang cases 

Designed specifically for applications encom- 
passing input keyboards and read-out devices. 
Zaerix Electronics Ltd. have introduced a 

Available in 2 sizes giving keyboard areas of 
145 mm deep by either 255 mm or 388 mm 
long, the 45 mm high overhang display face 
provides adequate area for a variety of read- 
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Elektor special offer 



With Christmas now passed, many of our 
readers and their families will have products 
which need batteries or a low voltage supply 
for their operation. It is common knowledge 

not seem to impress the children at all. The 
prices of batteries in particular seem to have 
escalated considerably lately, for example, a 
set of C batteries is now approximately £1.16 

It is very wise not to rely on batteries at all if 
possible and the easy answer is the mains 
adaptor. These take the form of a power 
supply, including transformer, fitted into a 
case that plugs directly into the mains outlet 

egories: the higher priced, better quality, 
British made product and the ultra cheap, 
often short lived and of dubious safety 
standard types of Far East origin. As usual, 
you get what you pay fori 
But to celebrate the New Year, we have 
arranged for a selection of mains adaptors to 
oe made available to readers direct from the 

£ 2.451 V pec pr 

"he first model is a 'Universal Game Adaptor' 
which is designed to power the handheld 
dectronic games or T V. games so popular 
with the children. This adaptor is particularly 
useful for these products which would other- 
wise often only give 2 or 3 hours use out of 
t set of batteries. The adaptor will power 
wrtually any equipment that uses a 6 or 9 volt 
battery and comes complete with '3-pin plug- 

*i style housing', reversible polarity switch 

sod 4-way output jack plug. 


The second two models act as general purpose 
low voltage mains adaptors. The first model 
switches between 3. 4.5 or 6 volts at 200 mA, 
the second switches between 6, 7.5 or 9 volts 

at 300 mA. Again, both are made in the "3-pin 

plug-in style housing', are fitted with a 


reversible polarity plug and socket and are 
supplied with the 4-way jack plug. All three 
models are fitted with a thermal overload 
safety trip. For ordering see the Adman adver- 
tisement on the following page. (2227 Ml 



Sabtronics International of Tama Florida 
recently announced the new LP-1 10 MHz 
Logic Probe for trouble-shooting logic 

The LP-1 has LED display for logic 0 and 1 
with switch selectable Thresholds to suit TTL 
or CMOS/MOS circuitry. The probe also has 
the useful ability to either detect and hold 


pulses or 'glitches', or to stretch them. 

Power for the LP-1 can usually be taken from 
the Vcc line of the unit under test - con- 
nection is by mini croc, clips, which are 



Cambs PE 1 7 4EB, 

Tel: 104801 62440. 

Telex: 32339. 

(2180 Ml 


Computer controller for machines 
and robots 

The new SNIPE Engineer is an exceedingly 
small, fully engineered computer. Although 
not much larger than a desk top calculator, 
the SNIPE Engineer has a retentive random 

bytes; greater than nearly any other micro 
computer available today. 

If required it may be linked into any existing 
computer installation to become an intelligent 
terminal with even greater capability. The 
SNIPE Engineer has been designed to be pro- 

previous computing experience. 

Developed by the computer design company 
FELTEC. based in New Milton, Hampshire, 
the SNIPE Engineer can be used to control all 



types of plant and machinery, from a single 

The Engineer is one of the many models in 
the SNIPE family, which includes terminals 
and peripherals together with other mini-mini 
computers for specialised application. British 
designed and made the SNIPE range are all 
compact, robust and reliable. 

Feltec. 

Queensway. 

New Milton. 

Tel. 104251 617477 

(2177 M) 






The first acquaintance with microprocessors can be rather frightening. You are not only confronted with a large 
and complex circuit, but also with a new language: 'bytes', 'CPU', 'RAM', 'peripherals' and so on. Worse still, the 
finished article is a miniature computer and so you have to think up some sufficiently challenging things for it to 
do! This book provides a different — and, in many ways, easier — approach. 

The TV games computer is dedicated to one specific task: putting an interesting picture on a TV screen, and 
modifying it as required in the course of a game. Right from the outset, therefore, we know what the system is 
intended to do. Having built the unit, 'programs' can be run in from a tape: adventure games, brain teasers, 
invasion from outer space, car racing, jackpot and so on. This, in itself, makes it interesting to build and use the 
TV games computer. 

There is more, however. When the urge to develop your own games becomes irresistible, this will prove surpris- 
ingly easy! This book describes all the component parts of the system, in progressively greater detail. It also 
contains hints on how to write programs, with several 'general-purpose routines' that can be included in games as 
required. This information, combined with 'hands-on experience' on the actual unit, will provide a relatively 
painless introduction into the fascinating world of microprocessors! 


£ 5.00 — Overseas £ 5.25 
ISBN 0-905705-08-4 













Send cheque or postal 
Crestway Electronics Lt 


Crestwav Electronics Ltd., 
Woodhitl Lane. Shamley G- 
near Guildford, Surra- 


including VAT 


The kit for the Talking 
Boards has been produced 
for the project described 
in last month's of Elektor. 


TMS 5100 


Features of the Talking 
Board include: 
single board construction 
expandable vocabulary 
low power consumption 
self contained memory 


estWay) 

ELECTRONICS ^ 


BOARD 


The complete kit 
of parts for the 


THE ELEKTOR TALKING 


Talking Board O 

is available L i ViUw 


CRESTLEK KITS 

Ioniser (9823) Negative 
ion generator ... £ 12.50 
Aerial Booster (80022A) 

U. H.F.T.V £ 6.00 

Aerial Booster (80022B) 

V. H.F, F.M £ 6.00 

Metal Detector 

(82021) £ 91.95 

TV Games extension 

(81143) £ 52.00 

Disco light controller 

(81155) £ 12.50 

EPROM programmer 

(81594) £ 11.00 

Teletext decoder 

(82025) £137.00 

The Elektor Mini Organ 

(82020) £ 87.00 

Electronic Gong 

(82046) £ 15.00 

Reprints of any Elektor article 
supplied with kits at 80 p 


WOODHILL LANE, 
SHAMLEY GREEN, 
near GUILDFORD, 
SURREY 

Telephone 0483 893236 
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in our • 
CATALOGUE • 

20 big pages packed with % 
data and pictures of ^ 
over 5,500 items • 

• •••* 

Over 100,000 copies sold already! 

Don’t miss out on your copy 

On sale now in all branches 

WH Smith price £1. 

ise of difficulty check the coupon below 


make it easy.. 

.•VJ% With 
•• 

• ^ ^ • Easy to build, 

# • w superb specification. 

Comparable with organs selling for 
up to £1,000. Send for our new 
book giving full construction 
details, order as XH55K 
prica £ 2.50 inclusive. 


I ELECTRONIC SUPPLIES LTD 



* Same day service on in-stock lines 

* Very large percentage of our slock lines in stock 

* All prices include VAT 

$ large range of all the most useful components 

* First class reply.paid envelope with every order 

* Quality components-no rejects— no re-marks 

* Competitive prices 

* Your money is sale with a reputable company 
On price, service, stock, quality and security it makes 
sense now more than ever to make mOIHIIl your 
Inst choice tor components every time! 


r Post this coupon now. E 1 82 

J Please send me a copy ol your 320 page catalogue I enclose £1.25 
| unci 25p p&p) It I am not completely satisfied I may return the 
■ catalogue to you and have my money refunded. It you live outside the 
* U K send £1.68 or 12 International Reply Coupons. 
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All mail to: P.0. Box 3, Rayleigh, Essex SS6 8LR. Tel: Southend (0702) 554155 Sales: (0702) 552911 



